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JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


OCTOBER 1957, VOLUME 5, NUMBER 4 


Some Notes on Artificial Reverberation * 


Cartos E. R. A. Moura, RGE Records, Ltd., Sao Paulo, Brazil 
AND 
Sercio Lara Campos, Columbia do Brazil, S. A., Rio de Janeiro, Brazil 


The considerations that affect the design of a method for producing synthetic reverberation are 
reviewed. An echo chamber system constructed by the authors is described. 


INTRODUCTION 


Y DEFINITION reverberation is the effect produced by 
the blending of a sound with its reflections from nearby 
surfaces. 

The ear is so accustomed to reverberation in nature that 
two persons a few feet apart have difficulty in hearing each 
other in a space from which reflected sound has been re- 
moved. In an open street, for instance, when one speaker 
turns his head away from the other, the sound level reach- 
ing the other speaker may drop below audibility. If a 
speaker turns his head while speaking in a closed space with 
hard reflecting surfaces, the sound level at the listener’s ear 
drops hardly at all. In a number of large churches, rever- 
beration makes a whisper audible at 100 ft or more. 


THE SEARCH FOR MORE REVERBERATION 
IN RECORDING 


Some years ago, workers in recording began to realize that 
the practice followed up to that time of recording in very 
dead spaces to avoid trouble with reverberation was destruc- 
tive of true musical effects. There began a steady increase 
in the amount of reverberation used in recorded sound. 

We can digress a moment to define a little more fully the 
elements of reverberation. When a sound is produced in 
any closed space a listener or microphone in the space will 
receive sound directly from the source and also by reflection 
from the surfaces. The time difference in the arrival of the 
direct and reflected sound when the two blend together will 
slightly change the character of the sound. 

This is the general process. Two special cases are: (1) 
““Echo”—when the reflected sound is so much later than the 
direct sound that the two do not blend and the listener hears 
two separate sounds, (2) “Hangover’—in which strong 
nodes and antinodes are formed by the interference between 
direct and reflected sound with corresponding distortion of 
the frequency balance by the peaks and dips, changing the 
character of the sound. 


* Presented at the Ninth Annual Convention of the Audio Engi- 
neering Society, New York, October 9, 1957. 


METHODS OF ADDING REVERBERATION 


When the objective of adding more reverberation became 
general, the first approach was to use large spaces with 
strongly reflecting surfaces. But such spaces are not always 
available to a recording company, and those that are avail- 
able are often very expensive to use. Thus the idea of using 
synthetic reverberation became more and more attractive. 

All methods of producing synthetic reverberation consist 
in taking the electrical signal along two paths, one directly 
to the recorder or reproducer and the other through a delay 
medium. The delayed signal is combined with the direct 
signal before being recorded or reproduced. Figure 1 shows 
the basic setup for artificial reverberation. 

Figure 2 shows a system for synthetic reverberation using 
acetate disks, with recording and reproducing heads as trans- 
ducers. The results obtained with such a system are vari- 
able because of the changing linear velocity of the groove. 


Figure 3 shows a system in which a coiled spring is the 
delaying medium. Because the velocity of sound is rela- 
tively high in a metal spring a long spring is necessary. 
The spring can be folded so that the over-all dimension is 
not more than 4 ft, with the same performance as a straight 
spring of 15 or 20 ft. 


However, the strong resonances in a stretched steel spring 
are difficult to control. Another difficulty is the great sensi- 
tivity of the spring to external vibration. The spring meth- 
od, for these and other reasons, has been restricted mainly 
to use in electronic organs. 


The disk system and the spring were for some time the 
only alternatives to the acoustic echo chamber. The intro- 
duction of tape recording brought a new method free of the 
disadvantages of the tape and spring. Steady linear velocity 
of the medium, wide frequency range, freedom from reso- 
nances, lack of sensitivity to vibration, and practically un- 
limited choice of delay times are the advantages of tape 
recording in producing synthetic reverberation. This is 
particularly true with the multiple head tape machines, 
which include provision for shifting the physical positions 
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SOME NOTES ON ARTIFICIAL REVERBERATION 


se ) 


AMP: } 


Fic. 1. Basic setup for artificial reverberation (after Olson). 


of the head. Figures 4 and 5 show the basic methods for 
using magnetic tape in synthetic reverberation. 

Tape, however, has a residuum of artificiality. Two other 
possible systems are: (1) the use of electrical delay net- 
works like that shown in Fig. 6; and (2) a method appli- 
cable to pre-recorded materials only, the placing of two 
loudspeakers facing each other on the same axis, so that the 
two sounds produced will reach an off-center observer at 
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Fic. 2. Acetate delay system. 


different times, as shown in Fig. 7. The electrical delay 
system has been eliminated by high cost and the labor and 
space required. The second method gives results that can 
be considered only fair. 


ACOUSTIC ECHO CHAMBERS 


We come to the acoustic echo chamber as the most satis- 
factory method for producing synthetic reverberation. Al- 
though basically like the other methods discussed, the echo 
chamber is less “artificial” in the sense that the reverbera- 
tion is produced in the same way as natural reverberation. 

Basic elements of the echo chamber system are: (1) the 
chamber itself, a separate enclosed space of controlled rever- 
beration character; (2) a loudspeaker for projecting into the 
chamber the signal passing through the recording system; 
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(3) a microphone in the chamber to pick up the signal from 
the speaker, plus the reflections produced in the chamber; 
and (4) mixing equipment for adding the signal from the 
echo microphone to the signal coming directly from the 
studio microphone. 

In one sense, this is nothing more than extending the 
length of the studio by joining studio and echo chamber 
together. Following this reasoning, it is possible to elimi- 
nate the loudspeaker from the echo chain by connecting 
studio and echo chamber acoustically and using the original 


Fic. 3. Spring echo chamber. 


sound in the studio to excite the mass of air in the echo 
chamber. This works well with large orchestras which pro- 
duce enough energy to drive the echo chamber to a good 
level. With single instruments, however, the acoustic energy 
reaching the echo chamber microphone is so low that a good 
signal-to-noise ratio at the echo microphone is impossible 
to obtain. In addition, synthetic reverberation cannot be 
withheld from specific instruments or groups of instruments 
as can be done with a multiple microphone pickup and a 
complete echo chamber system. 


Fic. 4. Tape reverberation. 


ECHO CHAMBER DESIGN 


A large variety of factors determine the size, shape, and 
construction details of echo chambers. We will not set forth 
the general rules for design and construction of such cham- 
bers, but we will describe our own chamber and the reason- 
ing that went into its design. The reader can make his own 
application of the principles exemplified. 

Figure 8 shows the floor plan of our present chamber. As 
can be seen, the wall surfaces are parallel to each other, 
which is contrary to the preference of most authorities (see 
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Fic. 5. 


Multiple head tape reverberator (after C. J. LeBel). 


Olson'). The use of nonparallel wall surfaces is recom- 
mended to avoid the production of standing waves in the 
chamber. In our chamber, we have avoided standing waves 
by breaking the continuity of the two major walls and by 
careful positioning of loudspeaker and microphone away 
from the geometric center of the chamber. 

As recommended by Olson,’ the walls of the chamber are 
strongly reflecting. As we reduced the absorption coefficient 
of the chamber walls during construction, we found that less 


CORRECTION 


AMPLIFIER 


num@er (1) 


and less power was needed to excite the air in the chamber. 
Thus the high reflectivity not only increased the number of 
reflections but also reduced the distortion in the projected 
wave. 

The average absorption in sabins per square foot is about 
0.025 at 1 keps. This low figure was obtained by careful 
smoothing of walls and ceiling. Several thicknesses of plas- 
ter with several coats of oil paint on the final layer gave the 
desired glazed surface. On the floor, linoleum was laid over 
the wood blocks and it is kept polished with floor wax to 
eliminate any accumulation of scratches. 
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Fic. 7. Loudspeaker reverberation. 


1H. F. Olson, Elements of Acoustical Engineering, second edition, 
p. 445. 


The large surface of glass in the windows should be noted. 
According to Beranek,” the absorption coefficient of glass 
decreases with rising frequency whereas the other wall sur- 
faces have the reverse characteristic. This smooths the re- 
sponse curve of the chamber to some extent. 


Generally speaking, a small studio requires a big echo 
chamber designed, of course, with regard to the acoustic 
character of the studio. 

After the construction of our studio and chamber we 
found that the reverberation time was too short in both. 
To get a reasonable amount of reverberation time in the 
echo chamber, we first put the microphone and loudspeaker 
further apart. This required all the available distance in 
the chamber. Later, we made gradual modifications in the 
acoustic conditions in both rooms which increased the rever- 
beration time and allowed the distance between microphone 
and loudspeaker in the chamber to be reduced to less than 
one-third. A great improvement in fidelity also resulted. 

These changes toward longer reverberation time also al- 
lowed us to reduce the size of the echo chamber. No fur- 
ther reduction will be made, however, to avoid putting the 
resonance of the air mass in the audible frequency range. 

Echo chambers must be isolated thoroughly from external 
noise, but.care must be exercised to keep the isolation meth- 
ods from lowering the reflectivity of the internal surfaces 
of the chamber. The ultimate in isolation would seem to 
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be the underground echo chambers utilized by some record- 
ing companies.* 
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Fic. 8. Echo chamber. 


MUSICAL INSTRUMENTS AND REVERBERATION 


Before discussing microphones and loudspeakers for use 
in echo chambers, we want to point out that reverberation 
must be kept at a low level with certain groups of instru- 
ments. 

The percussion group is the one most affected by rever- 
beration. The tonal character of these instruments has a 


2Leo L. Beranek, Acoustics (McGraw-Hill Book Company, Inc., 
New York, 1954), p. 300. 

3 J. W. Bayless, “A New Recording Plant,” paper presented at 8th 
Annual Convention of Audio Engineering Society. 
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RCA 44BX 


120° 


IKC 


180° 


high sensitivity to changes in the decay time, to harmonic 
production, and to natural resonances. Little or no rever- 
beration, therefore, can be employed with such instruments 
without destroying the tonal character. Included in this 
group are the kettledrum, tuning fork, chimes, bells, carillon, 
bass drum, gong, triangle, cymbals, and other struck instru- 
ments, and the piano, dulcimer, and plucked double-bass. 

A reason for reducing the amount of the reverberation at 
the extremes of the frequency range is the current tendency 
in high-fidelity reproduction to favor sharp, clean low notes 
and brilliant highs. Careful microphone placement can be 
used instead of synthetic reverberation for the ends of the 
frequency spectrum. 

All other instruments, beyond those discussed in the fore- 
going and including the human voice, will accept any rea- 
sonable amount of added reverberation without loss of tonal 
character. 


LOUDSPEAKERS AND MICROPHONES FOR 
ECHO CHAMBERS 


The high-fidelity enthusiast and even the audio engineer 
is likely to believe in the beginning that microphones for 
echo chamber use should be wide-range types like the Tele- 
funken U-47M or M-50 and that loudspeakers should be 
triaxial units of extended bass and treble response. Our 
experience has shown that equipment of this type produces 
the worst possible results. Why? Olson,’ in describing re- 
verberation in echo chambers, states that it consists of 
“multiple reflections of a large number of pencils of sound.” 
A smooth performance in an echo chamber system requires 
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eocw= 10 KC 
Fic. 9. Polar characteristics comparison (from RCA and Telefunken published data). 


Telefunken M50 


240° 


180° 


that we produce in the chamber as many of these pencils 
of sound as possible and that the microphone collect as 
many of them as possible. 

The microphones mentioned, though having wide range 
and low distortion, have a polar response pattern that is 
increasingly narrow as the frequency rises into the high end 
of the spectrum. The triaxial speaker, too, concentrates the 
highs into narrow beams and, in addition, has the problem 
of interference between the acoustic outputs of the various 
diaphragms in the overlap regions. The narrow polar re- 
sponses of the microphone and loudspeaker cut down on the 
number of sound pencils produced and collected and make 
the reverberation rough and unpleasant. We turned suc- 
cessfully to the old and inefficient infinite baffle mounting 
for the echo chamber. The best loudspeaker is a wide-range, 
single-cone type, with a heavy magnet. 

We use two such speakers, one 15-in. and one 12-in., con- 
nected in parallel and phased together but without any 
dividing network. The microphone is RCA type 44BX, 
chosen because it has an excellent wide-angle polar pattern 
over a good part of the audio spectrum. The bi-directional 
pattern proved to have enough “spread” to give a smooth 
pickup in the echo chamber. 

With the use of the nondirectional transducers in the echo 
chamber, quality was greatly improved, particularly on brass 
instruments which had been badly distorted by the beamed 
transducers. Clarity of small details in instrument sound 


became comparable to that in a large concert hall. 
In Fig. 9 we compare the directional patterns of the 44BX 
and the M-50. 
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Fic. 10. Wiring diagram for 
echo mixers. Note: Capacitors 
and potentiometers should be 
chosen to provide —3 db at 150 
cps, decreasing at the rate of 6 
db/octave below that fre- 
quency. 
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vent troublesome micro- 
phonics. If additional pre- 
vention is needed, a series 
isolation resistor of 100 kil- 
ohms or more should be 
added to the circuit. 


AMPLIFIER 


The main echo amplifier 
should have a power rating 
of at least 50 w. Transient, 
harmonic, and intermodula- 
tion distortion must be 
very low. If the distance 
between echo mixer and 
loudspeaker is large, the 
mixer should be provided 
with 600-ohm output and 


ECHO POWER 


AMPLIFIER 


womemel || f CHAMBER PH 


MIXERS 


Figure 10 shows the wiring of the echo chamber system in 
a simplified form, to give flexibility in the echo chamber 
operation. For every microphone channel on the main con- 
trol console a separate line is taken out ahead of the main 
mixing attenuator with following equipment bridged on these 
lines to avoid affecting the circuit constants of the console. 

The separate lines feed into a set of controls on a second 
mixing circuit, the echo mixer, which in turn feeds into the 
echo chamber amplifier and loudspeaker. The controls on 
the echo mixer allow reverberation to be added to any one 
or any combination of the microphone channels in any 
amount. 

High-pass filters are introduced into the mixer circuits 
in order to keep out of the echo chamber very low notes 
picked up by a microphone from a group of instruments 
feeding a different microphone. 

Sometimes it is desired to put artificial reverberation into 
material already recorded. To facilitate this operation, a 
line should be taken from one of the line input mixers to the 
echo mixer. To give even greater flexibility for various 
effects, variable low- and high-pass filters can be used in the 
echo mixer. However, unless the engineer has an excellent 
balance sense, variable equalizers should not be introduced 
into the circuit. 

The matching resistors in Fig. 10 are shown after each of 
the main mixing attenuators have proved sufficient to pre- 


the power amplifier put 
near the loudspeaker. 


ACOUSTIC LEVEL IN THE CHAMBER 


The proper acoustic level in the chamber will be high 
enough to produce a large number of sound reflections but 
not high enough to produce serious distortion in the ampli- 
fier or loudspeaker. 


CONCLUSIONS 


The system described in this paper is no more than a tool. 
If used by a skilled operator, it can give excellent results. A 
further step toward effective utilization will be taken when 
the recording engineer and the orchestra conductor work 
together as a team. 

Finally, we would like to point out that the synthetic re- 
verberation systems now popular have made no use of a 
group of substances that would make excellent delay media. 
We refer to liquids, and in particular to silicone liquids, 
which would produce synthetic reverberation with fine char- 
acteristics in a chamber no larger than a medium-sized hi-fi 
preamplifier. 

Measurements of the reverberation times of all the sys- 
tems described can be made with a pen recorder or with an 
oscilloscope that has a low sweep frequency. 
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The High-Fidelity User Looks at Pickup Design’ 


Juan D. Hirscu 


Hirsch-Houck Laboratories, Mount Vernon, New York 


vital. 


A good high-fidelity pickup must have more than wide-frequency response. Low distortion is 
Low tracking force is clearly desirable as reducing record and stylus wear, but it must not 


be attained at the expense of good tracking in loud passages. High lateral compliance and low 


moving mass must not result in a fragile cartridge. 


The improvements in pickup design, as well 


as undesirable compromises, are discussed from the standpoint of the user who is interested in 


listening to good music. 


FN gprs this paper is intended to present the view- 

point of the hi-fi user on the matter of pickup design, 
the goals of user and manufacturer are actually one and the 
same. Both would like to have the best possible quality at 
the lowest possible cost. Great strides have been made in 
the past few years toward achieving that goal, at least so 
far as quality is concerned. All things considered, the buyer 
of a phono pickup today gets a lot more for his money than 
he did only a few years ago. 

I would like to first mention a few of the properties of 
an ideal pickup. Its stylus must be capable of following 
faithfully the most complex wave forms encountered in 
modern recording practice. In order to do this, it must 
have a flat and smooth frequency response over the entire 
audio spectrum from below 30 cps to well above 15 kc. It 
must also be capable of following recorded velocities consid- 
erably higher than those used on the earlier LP disks. 

It is not sufficient for the stylus to trace the groove path 
faithfully, although that would be no mean accomplishment 
in itself. This motion must be transformed into an elec- 
trical voltage which is an exact analog of the groove modu- 
lation. This required a tight physical coupling between 
the stylus and the transducing element of the cartridge and 
a complete absence of mechanical resonance in the moving 
system of the cartridge. In the case of magnetic cartridges, 
the electrical system must also be free from resonance with- 
in the audio spectrum. 

The output voltage should be sufficient to drive a typical 
preamplifier to its rated output. On the other hand, it 
should not be so large that the input stages of the preampli- 
fier may be overloaded on loud passages. The cartridge 
should be free from electromagnetic and electrostatic in- 
duced hum. It should not be unduly sensitive to the effects 


* Presented October 12, 1957, at the Ninth Annual Convention of 
the Audio Engineering Society, New York. 
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of capacitive loading from several feet of shielded cable. It 
should have very low or inaudible needle talk. Not only 
is needle talk annoying to the listener when it intrudes upon 
the music, but also there is some reason to believe that ex- 
cessive needle talk is associated with high record wear. 


In the interests of low record and stylus wear, the vertical 
tracking force should be as low as possible, preferably less 
than 3 g. The moving mass of the cartridge, referred to the 
stylus tip, should also be very low, both from the standpoint 
of record wear and to extend the high-frequency response of 
the cartridge. 

High lateral compliance is needed to permit tracking at 
low stylus force, and has the further beneficial effect of re- 
ducing the low-frequency arm resonance of the pickup to a 
sub-audible frequency. 

The cartridge should be rugged. Its windings must not 
open in time due to corrosive soldering fluxes or fatigue of 
the very fine wire used in many magnetic cartridges. In 
addition to electrical reliability, the cartridge should not be 
easily damaged by being dropped on a record from a height 
of a couple of inches or scraped across the surface of a 
record. It is highly desirable that neither of these rather 
common misfortunes should damage the record as well as 
the cartridge. 

To speak of a cartridge without an arm is about as useless 
as discussing speakers without enclosures. In their dis- 
embodied state, so to speak, they are interesting devices to 
admire on a dealer’s shelves, but in order to put them to 
use at home they must be properly mounted. Since the 
arm has a great deal to do with the performance of a car- 
tridge, as well as with its ease of use, we will consider the 
arm as an integral part of the phono pickup. 

The arm should be easy to handle. Its finger lift should 
be designed so that it does not tend to slip from the fingers 
accidentally. The stylus should be visible for ease of cue- 
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ing. The arm should be balanced to eliminate the require- 
ment of critical leveling and to render it less susceptible to 
the effects of jarring and floor vibration. The arm should 
be mechanically rigid and free from resonances in the audio 
range. Any resonances which do exist should be damped 
sufficiently to prevent them from adversely affecting the 
performance of the pickup. 

No doubt we will all agree that a pickup meeting all these 
requirements would be acceptable to the most critical user. 
The writer has not mentioned the minor matter of cost, 
which in order to complete this picture of perfection, should 
probably be in the vicinity of $19.95 net. Seriously, there 
can be little doubt that our ideal pickup could be manu- 
factured today if cost were no object. It is a great tribute 
to the standards of the industry and to the engineering tal- 
ents of many of its members that there are today a number 
of pickups meeting most of the requirements just listed and 
a few which come within a hair’s breadth of meeting all the 
technical requirements (that $19.95 price tag seems to stop 
the best of them). 

Apart from considerations of performance, the physical 
form of the pickup frequently has a considerable influence 
on the user’s selection. The writer does not wish to get in- 
volved too deeply in questions of esthetics, but there is some 
reason to think that a sleek, graceful pickup will be pre- 
ferred by many users over a clumsy or bizarre design, with- 
out regard to relative performance. Fortunately, it is com- 
mon for the high ranking pickups appearance-wise to have 
equally high performance standards. This may be due to 
the designers having given a great deal of careful thought to 
all aspects of the pickup design, including packaging, rather 
than merely throwing together something that may work 
well enough but is better left unseen. Many such items end 
up being unsold as well. 

Many aspects of pickup design are fairly well standard- 
ized in this country. The use of standard mounting centers 
on cartridges, as well as some standardization of the stylus 
position relative to the mounting holes, has made it possible 
for the user to install a wide variety of arm and cartridge 
combinations. There are just enough nonstandard car- 
tridges and nonstandard arms on the market to cause con- 
fusion, however. Sometimes the nonstandard nature of the 
item is plainly stated in the manufacturer’s literature or ads, 
but sometimes it is not. This can result in hard feelings on 
the part of the unlucky buyer of a losing combination. In 
most cases where the stylus location is nonstandard, the fact 
is not divulged by the manufacturer except upon specific in- 
quiry. The unknowing user may then lay out his arm lo- 
cation with dividers and drill the motor board with a jig 
borer, and still end up with a mounting error of over % in. 
It seems to the author that there is not much excuse for 
this sort of thing. Whatever the internal configuration of 
the cartridge, it should always be possible to design the case 
to preserve standard spacings. 

There seems to be little or no standardization of the loca- 
tion and shape of the output terminals of the cartridge. 
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This has been a challenge to designers of arms, and some 
have done very well in making their product universal in 
scope, or nearly so. Once again, there seems to be no reason 
why 90% of the cartridges made could not have output ter- 
minals of standard shape and location. 

There are now a number of integrated arm and cartridge 
designs. In general, these cartridges will only fit the com- 
panion arm and vice versa. One has even gone so far as to 
make the arm and cartridge a single, indivisible unit, in 
which the stylus assembly may be changed for different 
groove dimensions. It may seem odd after so much empha- 
sis on the need for standardization, but the writer believes 
that the completely nonstandard integral pickup design is a 
very desirable one from the user’s viewpoint. The question 
of compatibility of arm and cartridge certainly is solved in 
this way. Esthetically and functionally these units tend to 
be more pleasing and satisfying than many of the composite 
pickup systems. 

Best of all, for the user, is the fact that the over-all per- 
formance of a pickup can only be defined if the arm and 
cartridge characteristics are both specified. There is no 
assurance, when using a more or less arbitrarily selected arm 
and cartridge combination, that the full potentialities of 
either component will be realized. Indeed, it is more than 
likely that they will not. On the other hand, when the de- 
signer has full control over the properties of his cartridge 
and the arm it is mounted in, he is in a position to specify 
the performance of the pickup in a complete and meaningful 
way, and the actual performance is more likely to live up 
to these claims. 

If a cartridge manufacturer cannot control the choice of 
the arm used with his cartridge, he is limited in how far he 
can go in increasing compliance and reducing moving mass, 
since the mass and bearing friction of arms vary widely 
from one design to another. The designer of an integrated 
pickup, on the other hand, is free to exploit the full perform- 
ance possibilities of his product. 

The past few years have seen the extension of the upper 
frequency limit of phono reproduction by well over an oc- 
tave. Today cartridges with usable response well over 20 kc 
are the rule rather than the exception, even in home music 
systems of moderate cost. Through necessity, the improved 
high-frequency response of pickups has brought with it a 
corresponding reduction in moving mass. The reduced 
record wear from this source alone may be as noteworthy as 
the mere fact of ultrasonic frequency response, even if it 
is somewhat less spectacular. 

It is apparent that there is no unanimity of opinion among 
cartridge designers and manufacturers as to the shape of the 
response characteristics of their products at frequencies 
above 10 kc. Most of them claim relatively flat response 


through the upper limit of the audio range, but any one who 
hgs made comparative measurements knows that there are 
very considerable differences in the response of many fine 
cartridges in the upper octave. The definition of what con- 
stitutes flat response is beyond the scope of this paper and 
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possibly beyond the present state of the art. This is not 
meant to be facetious. Keeping in mind the purpose of a 
phonograph pickup, it would seem reasonable to define its 
performance in terms of its response to a standard test rec- 
ord. Unfortunately, no such standard exists or at least there 
is none with universal acceptance. The entire recording and 
playback process, while apparently simple in the basic es- 
sentials, is full of compromises. The physical limitations of 
the record material, the inevitable mechanical resonances 
and nonlinearities of the recording and playback equipment, 
and the geometrical difficulties of tracking the groove modu- 
lation with the playback stylus combine to create a most 
complex situation. 

As discriminating listeners have come to realize, wide- 
frequency response per se is not the most important factor 
in determining the acceptability of a phono pickup. As is 
the case with amplifiers, tuners, and speakers, distortion is 
the basic evil of a reproducing system. It has been well 
established that as the bandwidth is increased, the tolerable 
distortion level is reduced. There are few things so un- 
pleasant as listening to a wide-range music system with 
audible distortion. In preference to this, any listener would 
rather have a low distortion system of somewhat reduced 
bandwidth, provided this is not carried to extremes. 

The present state of speaker and amplifier development 
has brought us to the point where the phono cartridge is in 
many cases the principal source of distortion in a reproduc- 
ing system, at least during high level passages. The more 
spectacular records are being recorded with a dynamic range 
which taxes the capabilities of the finest pickups, in spite 
of the low surface noise levels which have been achieved. 
It is no longer realistic to consider recorded velocities of 
7—10 cm/sec as representative of the material which a pick- 
up will be called upon to track. Present peak levels may 
exceed these velocities by something like 10 db. Most pick- 
ups do an acceptable job at 10 cm/sec, but few will track 
at velocities of 20-30 cm/sec without excessive distortion. 
The result is the fuzzy or hashy sound which is so com- 
monly heard when playing musical crescendos, even at levels 
low enough so that the amplifier and speaker cannot be 
blamed. No doubt some of this distortion is built into the 
record in its making, but the cartridge must take its share 
of the blame. 

It is likely that the audible differences between a number 
of cartridges whose frequency response characteristics are 
practically identical throughout the audible range are due 
to the manner in which they distort. Fortunately, for the 
perfectionist, there are indications that it is possible to 
make a cartridge which will track the highest velocities with 
less distortion than a good speaker will generate, and no 
doubt forthcoming designs will show improvements in this 
direction. 

I would like to mention briefly some of the problems in 
pickup performance which have either been solved or are 
very nearly solved in current designs. 

Induced hum from the external field of the turntable 
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motor has plagued many people. It is still a problem, espe- 
cially when some of the less expensive cartridges are used 
with certain record changers or turntables. It has been 
solved in most cases by the careful use of magnetic shielding 
on the cartridge. Turntable manufacturers have helped 
considerably by using better motors and incorporating some 
shielding in the turntable. 

Magnetic attraction to a steel turntable due to the exter- 
nal field of the cartridge magnet was rather widespread at 
one time. Most people were unaware of its existence until 
it was widely publicized by a pickup manufacturer whose 
product happily did not suffer from this so-called “hidden 
pull.” In its most aggravated form, this condition could re- 
sult in an actual stylus force many times the value read on 
an ordinary stylus gauge. Although few quality turntables 
employ ferrous materials, most record changers do. Hidden 
pull was quite severe on some of these. Once the public be- 
came aware of the existence of the problem it did not take 
the manufacturers long to correct it, and practically all of 
today’s cartridges in all price classes are free from magnetic 
attraction 

In conclusion, the writer would like to comment on the 
place of ceramic cartridges in the true hi-fi installation. 
There are at least two makes of ceramic cartridges which 
claim performance standards worthy of the much abused 
“hi-fi” label. Measurements have shown that these claims 
are reasonably justified, and in listening tests these car- 
tridges have easily held their own against some of the finest 
magnetic cartridges costing perhaps twice as much. In 
spite of this, they have not had wide acceptance in high- 
fidelity circles. Much of this can be attributed to the stigma 
attached to ceramic and crystal cartridges because of their 
use in cheap phonographs, but the problem goes beyond this. 

The major selling point of the ceramic cartridges has been 
their inherent self-equalization. Now that the industry has 
finally settled on a recording ch-racteristic, there is little 
need for a multiplicity of equalization characteristics, and 
the ceramics offer an appealing simplicity to the person who 
would rather listen to music than twiddle knobs. Unfortu- 
nately, in order to achieve this equalization, the cartridge 
must see a load impedance of several megohms. With only 
a couple of exceptions, the only amplifiers providing the cor- 
rect termination are those made by the cartridge manufac- 
turers themselves. The person who has a satisfactory am- 
plifier of other manufacture, or who for some reason does 
not want one of the few suitable amplifiers, must forego 
using a ceramic cartridge. Since practically all amplifiers 
incorporate gain and equalization for magnetic cartridges, 
there is no economic advantage to using a ceramic other 
than its slightly lower first cost. Although its response can 
be easily converted to the equivalent of a velocity respond- 
ing cartridge, there would seem to be no advantage to this 
over a magnetic cartridge. 

Another claim for the ceramics is their freedom from 
magnetically induced hum. This is true, but there can be 
an equally severe problem from electrostatic hum. A device 
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with a half inch or so of unshielded connection at a 3- 
megohm impedance level can pick up hum with the greatest 
of ease. Considerable care is needed in the installation of 
ceramic cartridges to avoid this trouble. For the same rea- 
son, it is not usually feasible to modify an amplifier with a 
half megohm input impedance to a 3-megohm impedance 
without hum problems. 

Although the ceramics can very nearly match the best 
magnetic cartridges today, and surpass most of those of two 
or three years ago, the recent developments in magnetic 
cartridges having extremely high compliance and low mov- 
ing mass, plus response into the ultrasonic region, have left 
the ceramic far behind. For this reason, it is not too sur- 
prising that they have not been widely used in the most 
expensive systems, but it is certain that many people who 
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The various attitudes of the manufacturers which are exemplified in their advertising and in 
their relationships with customers are in need of some change and clarification. 


have spent $200 to $300 for a music system could have 
benefited both dollar-wise and in listening enjoyment by 
using a properly installed ceramic cartridge instead of some 
of the lower cost magnetic units. 

Finally, speaking both as an enthusiastic hi-fi hobbyist 
and as one who has some experience in testing and evaluat- 
ing phonograph pickups, the writer would like to point out 
that the performance of a number of the better cartridges 
now being made would have seemed fantastic only a few 
years ago. Even the cheapest cartridges of 1957 can out- 
perform the finest of 1949. Nevertheless, the writer would 
hesitate to say that the pickup designers ought to transfer 
their talents elsewhere, having reached the ultimate level of 
performance. They have come pretty close, but the writer 
is sure that next year will see new pickups which will eclipse 
the standards of today. 
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This is indicated 


by certain unsatisfactory customer-manufacturer relationships, which affect many people who would 
like to buy high-fidelity equipment, but at times find discouragement in their efforts to do so. 
Based upon Consumers’ Research’s experience and wide correspondence in the field of high fidelity, 
it is felt that certain changes in design details and trade practices will help bring the manufacturer, 
distributor, and consumer to a better mutual understanding. There is a critical discussion of a few 


typical products and trade practices. 


Constructive suggestions are presented which should be re- 
garded as generally helpful to the industry in its relationships with ultimate consumers. 


1938, the customer interested in “high-fidelity” equip- 
ment had a relatively easy time of it, for there was very 
little merchandise on the market to attract his interest and 
dollars. Much of the equipment then available would be 
very poor by today’s standards. It was in that year that 
Consumers’ Research recognized a definite need of equip- 
ment for better reproduction of music and began a series of 
articles to inform its readers how to achieve good sound 
reproduction. The first step toward this goal was the intro- 
duction of an all-triode amplifier which delivered 10 w of 
comparatively undistorted output. Construction details and 
wiring diagrams were published, and with this began a 
never-ending stream of correspondence on sound reproduc- 
tion. Consumers’ Research was among the first to state the 
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need for 10 w of “clean” output from triodes as compared 
with the power with serious distortion available from the 
customary pentodes. People laughed at us in those days, 
and very possibly some of the same people, whose interest 
is strictly in a mass market, still think that good reproduc- 
tion is of interest only to a few people of a special sort. But 
while high fidelity has blossomed and reached its present 
great potential, they who still produce equipment giving the 
same poor sound as was accepted in 1936 have been unaware 
of the enormous development of high fidelity in a business 
sense. It has been estimated that over $200,000,000 worth 
of high fidelity system components, radio receivers, and 
players was sold in 1955. 

In the past years, CR has given guidance and counsel to 
thousands of persons having an active interest in good 
sound, through letters and in articles in its monthly and 
Annual Bulletins on conversion of radio receivers to better 
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sound, on speaker installations, on constructing amplifiers, 
and in the more recent years, on selection of components for 
“unit system” assemblies. Perhaps the most noteworthy of 
these efforts was the CR-designed all-triode 10-w amplifier, 
more flexible and up-to-date than the 1938 design. Details 
of this newer amplifier were published in a special bulletin 
in August, 1948. Thousands of these amplifiers were suc- 
cessfully constructed by subscribers and nearly all gave good 
service and presented no problems of construction or main- 
tenance. 

The discussion that follows is based largely on comments 
and questions of readers of Consumers’ Research Bulletin 
who have an interest in obtaining fine sound systems. 

The audio industry is becoming aware of the opportunity 
it was missing and now offers a tremendous and, in most 
cases, bewildering array of audio components. The job of 
Consumers’ Research today is to test and evaluate some of 
these products for the nontechnical public which wants high 
fidelity sound but does not know what to buy or how much 
to pay to obtain the needed equipment. 


THE LAYMAN IS CONFUSED 


Engineers well informed on high fidelity are too quick to 
assume that the details of the subject are simple and under- 
standable. To the uninitiated who form by far the major 
proportion of the potential market, this is a long way from 
true. The supply of devoted audiophiles is limited and the 
vast majority of customers and potential customers are 
ordinary people with little or no engineering and mechanical 


background; yet many of these people are able to buy and 
enjoy something approaching the best in reproduced sound. 
Remember that today’s audiophiles were novices once, and 


some not very long ago at that. It has been said that the 
general public has a tin ear, but that does your customers 
an injustice for at least some millions of persons will appre- 
ciate good musical reproduction when it is made available 
to them. If some display tin ears, whose fault would that 
be but the sources of the poor sound reproduction in radio 
receivers, TV sets, and motion picture theaters that these 
people have been educated to accept as good enough or the 
best available? Given one exposure to real high fidelity, a 
good many persons acquire a new point of view and will 
proceed to do something about obtaining a good system for 
their homes. The many inquiries received at CR attest to 
the fact that people are now aware of the presence of high 
fidelity, when it is demonstrated to them. It is here, they 
recognize it, they have the money to buy it; but too few 
know how to go about selecting what they need. 


A LOOK AT ADVERTISING CLAIMS 


While industry and business could not exist without ad- 
vertising, abuses of this medium threaten great harm to the 
high-fidelity industry. One has only to read the glowing 
high-fidelity advertisements with their absurd claims to get 
an idea of what the poorly informed and misinformed con- 
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sumer is up against. And these ads are not by any means 
limited to factory-assembled pseudo-high-fidelity units. The 
component industry is at fault too. Typical of the glowing 
claims is the following found in an advertisement for a 
well-known amplifier: “Music is reproduced with an un- 
clouded transparency, at all listening levels, mever before 
achieved” (emphasis mine). It is imagined that this com- 
pany’s competitors and the more intelligent consumers read- 
ing their advertising, would have their own opinions of those 
last three words. Another manufacturer proclaims in large 
type that his new Model X tuner gives reception better 
than ever before possible; yet this manufacturer, in the same 
advertisement, states that his Model Y tuner is the best 
available. It would seem that this manufacturer has suc- 
ceeded in producing products so good that language fails 
him in his efforts to describe them. 

Technical terms are thrown about with abandon, and the 
average consumer whom they are supposed to overawe and 
impress finds them meaningless and frightening. Think of 
the layman who picks up a piece of literature on a particu- 
lar amplifier and reads such terms as the following (and 
this is part of the descriptive literature for a well-known 
amplifier) : 


“Response + 1 db 10-100,000 cps at 15 watts; + 0.1 db at 
20-30,000 cps at 30 watts; less than 0.5% distortion 20-20,000 
cps at 30 watts. Intermodulation: less than 1% for instantane- 
ous peak power below 60 watts. Hum and noise 85 db below 
30 watts. Output impedance 4, 8, 16, and 600 ohms. Damping 
factor 12 or better for 4, 8, 16 ohm outputs, 16 for 600 ohms.” 


Just picture an average insurance salesman or Wall Street 
man trying to wade through that one! 

To an engineer supplying a test report on the equipment 
this is fine, insofar as it tells the truth about the product, 
and even to the experienced audiophile it is comprehensible 
and perhaps impressive. But what of the layman who has 
been told that 10-15 w are sufficient power and that the 
human ear can hear over the range of 20 to perhaps 15,000 
cps at best. As a matter of fact, by the time a man reaches 
the point in life where he can afford and has the time to sit 
back and enjoy a system capable of good reproduction of a 
really wide range of frequencies, his ears no longer can de- 
tect frequencies much above 10,000 cps. Since in these 
specifications there are three different power figures given 
ranging from 15 to 60 w, the reader becomes confused, for in 
conjunction with these power figures are given other condi- 
tions, the meaning of which is beyond him. There are also 
other terms such as damping factor, intermodulation, and 
+ db. People who make up the mass market have not the 
slightest idea what these are about, and frankly care little, 
now or in the future. 

A good example of how these matters should be presented 
is that of some manufacturers of automatic washers. In 
their instruction books and literature, a down-to-earth, 
understandable list of the machine’s abilities and limitations 
and how to use it is given, and at the end a list of technical 
specifications is given for those who are interested or tech- 
nically minded. Naturally, there will always be a few who 
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are interested in such technical listings, and perhaps manu- 
facturers’ engineers can bé forgiven to some extent for their 
wish to communicate with this limited audience, to the ex- 
clusion of some hundreds of thousands of others. 

Perhaps a few manufacturers wish to sell only to radio 
stations and to persons of advanced audio qualifications. 
But most manufacturers must remember that the industry 
has progressed past the serious hobbyist and has reached 
Mr. Average Consumer, who may have a Johns Hopkins or 
Stanford degree, but still not in engineering, or in that par- 
ticular kind of engineering that builds the audio industry. 
The future growth and survival of the industry depends on 
these intelligent but nonspecialist consumers. 

So far as concerns the claims made in advertisements, it is 
not uncommon to see published a wide frequency response 
with no indication of any tolerance or of the slightest devia- 
tion from perfection. For those who can understand speci- 
fications, this one is meaningless. Of course, the most 
common of the misleading claims are those made for the 
commercial-grade packaged phonographs. Their makers try 
to persuade the public that all that is needed is the addition 
of the very high frequencies. This is the easy path to 
follow, for high-frequency sounds can be reproduced more 
easily than those in the bass region. Manufacturers have 
also pushed the idea that high fidelity is assured by simply 
providing a multiplicity of speakers. Claims are made for 
loudspeaker performance by their manufacturers and by 
dealers which if true would have long ago eliminated the 
problem of a very weak link in the high-fidelity chain. One 
recent loudspeaker ad claims a phenomenal range of 1- 
18,000 cps and goes on further to state that this range is 
completely without distortion and resonance. Even if this 
range is believable, no mention is made of how smoothly, 
with what peaks and valleys, at what levels, and in what 
angular distribution, these sounds will emerge. 


PITFALLS IN PURCHASING 


A great deal of confusion exists today in the minds of 
most consumers as to the merits of the unit system (separate 
tuner, amplifier, turntable, and speaker system) vs ready-to- 
use, all-in-one-package record players and radio sets. Cer- 
tain manufacturers’ claims for their ready-made sets reach 
far greater numbers of people through daily newspapers, 
television, and radio than do the advertisements for sepa- 
rate components in magazines covering the high-fidelity 
field. If the preassembled set and player manufacturers can 
give their products great prestige among consumers, then 
manufacturers of separate components could do a lot for 
themselves and their customers by intelligent, factual ad- 
vertising. Consumers who investigate the subject are often 
repelled by the complex technical terms and explanations. 
On that account they are likely to buy low- and medium- 
fidelity ready-made receivers and phonographs as the easiest 
solution to the problem, and one that assures them in ad- 
vance of a workable result. Most spend a good deal more 
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for an inferior ready-made set than a superior unit system 
would cost them. They are in for a shock when a friend 
who really knows high fidelity calls and tells them what he 
thinks of the performance of what they have bought for 
$200 or $500. 


ASSEMBLING A HIGH-FIDELITY SYSTEM 


There are a number of books intended to aid the consu- 
mer in selecting components, but there is only one we know 
of that puts the discussion on a plane to serve the non- 
engineer. We, too, have attempted to help the nonspecial- 
ist in our Annual Bulletins in which we also have long advo- 
cated the unit system of assembly as the best and most 
economical way to achieve an acceptable approximation to 
high-fidelity performance. If the component manufacturer 
would give more practical, useful, understandable informa- 
tion, people would certainly buy the superior components 
for a unit system. 

There is a lack of clear and simple assembly instructions 
for much of the equipment available today. Interconnecting 
cables are a nightmare to the nontechnical person. With 
the huge growth of the “do-it-yourself” trend today, con- 
sumers want to install their systems personally but they, 
rather than the loudspeakers, are “baffled” by the diversity 
of methods and means for assembly and connection. 

A person visiting a sound studio or hi-fi showroom has 
the best chance to observe, listen to, and evaluate many 
high-fidelity products. However, being no expert he will 
necessarily be helped by the services of an informed sales 
person. Here the tyro can be subjected to charm or aloof- 
ness, or a snooty, down-the-nose approach, depending on 
what amount of money the salesman estimates the prospect 
is likely to spend. The salesman usually will take the air 
of the absolute expert who knows everything of consequence 
about each component and who will subject the prospect to 
a barrage of meaningless terms and conflicting claims as 
well as recomméndations of innumerable and seemingly 
never-ending grades and types of equipment. Many of these 
outlets, which are the personal contact with the consumer, 
should strive for a better and more helpful approach to their 
customers so as to aid them in understanding the necessary 
performance figures and curves. 


SERVICING HOME AUDIO EQUIPMENT 


Since we are at the retail or selling level at this point, 
let us investigate another very important aspect; that is 
the service problem. High fidelity at present is made up 
of finely engineered and precision electronic parts. Service 
that is competent service is often difficult to obtain for 
ordinary radios or television, even when these are in wide 
distribution and of relatively simple construction. It is very 
difficult, and in many places it may be impossible, to have 
high-fidelity units properly serviced. Many competent 
servicemen will not work on high-grade equipment because 
they do not want to take the time and trouble, because they 
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did not make a profit on its sale, or because it is difficult for 
them to obtain information or parts. Consumers’ Research 
has on file letters from purchasers of equipment who have 
tried in vain to obtain from manufacturers even the simplest 
information about their amplifiers or other equipment. It 
was in some cases a matter of months before the reply 
arrived. Many people have been led to believe that the 
custom type of construction or the high price paid for the 
equipment exempts them from the problems of breakdowns 
or need for service. When the custom-set owner does need 
such service and must disassemble the system to ship an 
amplifier 1000 miles and forego its use for three or four 
months, he is going to have unfriendly feelings or downright 
fire in his eyes for that particular manufacturer. Better 
factory service relations with servicemen and consumers are 
definitely needed. Some bright manufacturers, whose service 
operations are slow, might even provide for lending the con- 
sumer a tuner or amplifier, just as a watch repairman lends 
a watch to his customer for a few weeks. 


TODAY'S HIGH-FIDELITY EQUIPMENT 


Assuming that our consumer has been helped with inter- 
pretations of claims and terminology of the advertisements, 


let us examine the heart of the matter, the equipment. The. 


equipment today is a tribute to the inventiveness and genius 
of the engineers and manufacturers concerned. However, in 
the quest for newer and better products the need for a single 
clear objective has been forgotten. We would believe that 
outside of reproduction “as close to original as possible” 


the real goal in good sound is the pleasure of the listener. 
It is true also that the sounds as reproduced today by good 


equipment are very realistic. But is it necessary that the 
user should be confronted by a multitude of knobs and 
switches which have to be manipulated in unknown or un- 
certain ways to achieve the objective of good balance of 
sound? The task of tuning some systems reminds one of 
the centipede that stopped to think and did not know which 
leg to move first. Certainly, there are some controls that 
must be present. We engineers take a certain pleasure in 
such a challenge as the rows of knobs present, but think of 
the poor average man or even our own wives when they can- 
not even find the power-on switch. (Remember the neutro- 
dyne radio receivers that required the careful setting of 
three dials for tuning alone? Who could sell such a tuning 
arrangement now?) Duplication of controls in preampli- 
fiers, tuners, and amplifiers should be avoided. If a manu- 
facturer produces all of these separate components why can- 
not he and the component dealers state clearly and simply 
how to avoid duplication in selecting elements for home in- 
stallation? 

One item which should be included but which has been 
neglected in the majority of cases is a simple pilot light. 
This should be on all equipment that has an on-off power 
switch. Many tubes and electrolytic capacitors have had a 
comparatively short life because the operator forgot to turn 
off the switch and had no visual or other indication of the 
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power being left on. Incidentally, the power switch should 
be plainly labeled and should, in the interests of safety, be 
of the 2-pole variety which will disconnect both sides of the 
power line. 

Another unnecessarily confusing point is that of power 
output in amplifiers. There seems to be a power output race 
in the amplifier industry not unlike the present horsepower 
race in Detroit, and this race will do neither the auto manu- 
facturers nor the amplifier manufacturers any good. Re- 
member that a Chevrolet, Plymouth, or Ford will take one 
just as far in approximately the same comfort as a Cadillac, 
and Cadillac has only 2% of the market, and the so-called 
“low-priced three” have captured over 52% of this same 
market. The mass market has little need for the luxury class 
of 50- and 100-w amplifiers. More 10- and 20-w amplifiers 
in moderate and low price fields are going to be sold and 
they are going to serve every purpose for their users, just 
about as well as the 50-w chassis would. Why not instruct 
salesmen accordingly, so they do not make the customer feel 
he is getting something second-rate when he purchases a 
good 10- or 20-w amplifier instead of a 50-w chassis? 

In graded lines of merchandise the manufacturer should 
be candid and not just praise the units in the various price 
groups for all their advantages. He should also give the 
limitations of each lower priced item. This will not affect 
sales, for economics will dictate at which price level a per- 
son will begin, but at least he will know what to expect and 
what not to expect in a particular price group. A higher 
regard for the manufacturer and his ethics will be the result. 
Never forget that many, many products are sold through 
simple honesty and good will. Sears Roebuck and Company 
does differentiate the less expensive items from the top- 
grade, top-price ones, and one would hardly consider that 
firm lacking in merchandising skill. 

In the matter of tuners, more education is needed for the 
consumer. This is the job of the manufacturer. He should 
not make claims which will disillusion the purchaser, for 
this can only harm the maker in the long run. I am re- 
minded of a subscriber of CR who wrote asking advice on 
FM tuners. He lived in one of the dead areas of FM re- 
ception and wanted to know which of two well-known tuners 
would be better than his table model FM radio which 
brought in nothing. His interpretation of literature on the 
tuners had led him to believe that either of the two makes 
would do fine, since they were “custom made” and “high 
fidelity.” His radio, that had failed to do the job, was one 
of the better known makes and our tests on this model had 
shown it to have excellent sensitivity. Naturally, neither 
tuner would have done the job expected, but this man would 
have had to spend $150 in finding that out. The manufac- 
turer had given the prospective purchaser no guidance what- 
ever that would have helped him decide if the manufactur- 
er’s FM tuner would serve better than the receiver that had 
been tried and failed to perform as expected. More down- 
to-earth literature would seem to be in order in such cases. 

Two important limitations with tuners are drift and dis- 


194 


tortion. These have been pretty well eliminated in the very 
high priced tuners, but Consumers’ Research feels a definite 
need for a low-priced tuner with minimum distortion and 
drift. It should be possible to design and market a drift- 
free tuner in a reasonable price range without automatic 
frequency control. The AFC, which is available on many 
tuners, may be the only cheap solution to the drift problem, 
but even the lowest priced units that have AFC should have 
the means for defeating this when desired. It seems such 
features are reserved for those who can afford the higher 
prices. A manufacturer will boast that his tuners have AFC, 
but he does not mention that one cannot tune in a weaker 
station adjacent to a strong one because on his tuner no 
provision has been made for cutting out the AFC when 
desired. 


Loudspeakers have perhaps the most extraordinary claims 
made for them of any of the units in a high-fidelity system. 
Could this be because they perform less well than the other 
components? The claims are commonly devoid of relation- 
ship to the facts, and specifications have been so loosely 
used that they have no meaning. We have yet to hear two 
different makes of speakers with the same specifications that 
sound alike. Admittedly this is a tough problem, for there 
are no set standard conditions or instrumentation that will 
hear what the practiced ear hears. Since the needed stand- 
ards do not exist, one must select the speaker that sounds 
best to him. Those who make loudspeakers should aim to 
develop workable and practical standards of comparison for 
speakers at all levels of complexity and refinement. If they 


do not, they should not mind if consumers buy on what their 
ears seem to hear rather than on what the manufacturers 
say will be heard. 

There is one item which the industry has standardized. 
This is the phonograph pin plug and jack, which is almost 


the universally used connector. Unfortunately this connec- 
tor, while simple and good in principle, has obvious faults 
in its mechanical design. There have been more troubles 
and expensive service calls arising in unit systems from the 
interconnecting cables than anywhere else, and the worst of 
these troubles is in the connector and the soldering of wire 
and shield to it. The very design of the plug presents a 
50-50 chance of having a short circuit or an intermittent 
in soldering on the leads. Many tempers have flared when 
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the removal of a plug resulted in a two-piece affair rather 
than the original single unit. Even the manufacturers of 
equipment, who should have the know-how, slip up when 
using this connector. We recently purchased an input trans- 
former for a well-known phono-cartridge for test, but 
it did not function. The manufacturer evidently had not 
checked the product properly to see that it was in working 
order. Examination of the plug showed no visible fault or 
damage, but an internal check showed the plug had a short. 
The do-it-yourself handyman will have considerably more 
trouble when he attempts to solder a cable to the universally 
used type of plug furnished with the transformer. It would 
be a good idea for manufacturers to furnish with the equip- 
ment preassembled cables with proper terminations applied 
and checked to see that the circuit is continuous and free 
from shorted circuits. 


CONCLUSION 


The foregoing discussion may seem somewhat negative, 
but the points are meant to be taken constructively. The 
author has made no point that cannot be corrected with 
moderate cost by individual manufacturers or by industry- 
wide action. To sum up, there is a need for specifications 
that are more readily understood by the layman. Claims, 
too, should be limited to those with more solid context 
subject to verification. The manufacturers can and should 
supply information promptly to the users and potential 
users of their equipment. A campaign should be undertaken 
to educate the public on what to expect from a high-fidelity 
system. Equipment should be simplified in assembly and 
in operation. Sales personnel should strive to get down to 
the level of their customers without a condescending atti- 
tude, and most important, leading manufacturers of high 
fidelity components should institute a campaign to edu- 
cate servicemen and build up a good national availability of 
service for high-fidelity radio and phonograph systems. 

Engineers and designers should not forget that the end 
and goal of their work is the purchase of the product by the 
consumer. The market will improve by education of both 
the manufacturers and the public. It will in the long run 
pay the manufacturer to have customers who know what 
they are talking about and writers of advertising who know 
what the customer wants and what he can comprehend. 
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Physiological research has shown that the very low orders of distortion represented by the 
specifications of modern amplifiers should be inaudible, but the fact remains that considerable dis- 
tortion can be heard in cases where the measured distortion, by methods at present standard, is 


far below the limits determined to be audible. 


This paper examines critically some of the possible forms of distortion that can be audible under 


such circumstances. 


Methods of detecting their presence are described with the intention of pro- 


viding a basis for future forms of specification more indicative of significant practical amplifier 


performance than are the present standards. 


UBJECTIVE tests on the amount of distortion that is 
audible appear to show two things: (1) that improved 
equipment and practiced listening have enabled us, both 
collectively and individually, to detect smaller degrees of 
distortion; and (2) that the amount registered varies widely 
between individuals and with the type of distortion present. 
In the early days, before the advantages of push-pull 
operation were discovered, and long before the advent of 
feedback to “solve all our troubles,” the minimum detect- 
able harmonic distortion was settled on as 5%. More re- 
cent tests along the same lines showed that two-thirds of the 
subjects could detect 5% harmonic, while one-third of them 
could detect 1%. Because intermodulation distortion pro- 
duces some inharmonic additions to the program, it was 
found that this kind, produced when more than one input 
frequency is used, is responsible for more of the distortion 
noticed in actual performance. 

But some puzzling facts remain. All forms of distortion 
in amplifiers, measured according to conventional methods, 
are either so far below the minimum audible distortion level, 
or are so far below distortion of the same kind produced by 
other links in the chain—the pickup, loudspeaker, or even 
the human ear itself—that it should no longer be possible 
to hear any difference between the performance of any good 
modern amplifiers. Certainly none of them should produce 
any audible component of distortion. The fact remains that 
some good amplifiers are observed to “sound cleaner” in 
some way than others. 

A closer examination reveals certain trends that have been 
followed long enough, and it is time to change our direction 
in amplifier development. In the days when a “good” audio 
amplifier produced around 5% harmonic distortion and a 
frequency response within 3 db from 100 to 5000 cps, im- 


* Presented October 12, 1957 at the Ninth Annual Convention of 
the Audio Engineering Society, New York. 


195 


provement in these respects was audible. Probably hum 
level and background noise level of those days showed room 
for improvement too. But work has gone on until fabulous 
figures of performance are achieved—distortion in the region 
of 0.1% (and some even lower) and frequency response 
from a fraction of a cycle up to the region of a megacycle 
within 0.1 db or so. By the figures, such amplifiers should 
rate as audibly perfect. 

This trend seems to have been followed because of a belief 
that a better specification in these regards must mean the 
amplifier performs better. Even when some knowledgeable 
people realized this is not true any more, because of the 
standard generally achieved, the trend has persisted, because 
promotion has made the market—or at least sections of it— 
“specification conscious.”” Some, of course, have discovered 
for themselves that the audible performance does not appear 
to be related to the figures on the specification and have con- 
cluded that “specifications are valueless—the only reliable 
test is to listen to it.” 

As a result, for a few years now, progressive amplifier de- 
signers have been faced by an anomaly: the need to design 
an amplifier that works well and also gives a good specifica- 
tion! One that reads lower-than-necessary figures for the 
distortion and frequency response deviation, and at the same 
time will sell to the people who judge by listening to it. 
While a sudden change in presentation can hardly be ex- 
pected, it would be good to find a way of getting the infor- 
mation published in specification form that is a little more 
closely related to what the amplifier sounds like. 

About a couple of decades ago, degenerative feedback was 
hailed as the amplifier maker’s “godsend”—the more the 
better! So amplifiers have appeared with 20, 40, 60, and 80 
db of negative feedback—and even with “infinite feedback”! 
It is largely this feedback that has enabled such low figures 
in distortion and frequency response deviation to be 
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Harmonic relationship in clipped wave. (a) Example of 


(b) Distortion component of (a) to 10 


achieved. From the first crude attempts, using as much as 
possible feedback in a single loop over the whole amplifier, 
designers have learned to use it more skillfully, in multiple 
loops, so its effect on performance can be better controlled. 


SIMPLE OVERLOAD CHARACTERISTIC 


One effect of feedback, inevitably, has been to change the 
overload characteristic of an amplifier. The older “Class A” 
amplifiers, without feedback, first produced a wave form 
that became rounded and later reached a point where the 
wave became definitely clipped. The rated output may have 
been somewhere in the region where the wave was getting 
well-rounded. Pushing twice the input into the amplifier 
might overbias some stages and compress the signal a little, 
so the wave eventually clipped but still not too badly. 

But with feedback, in large quantities, the round form of 
distortion is “taken care of”—virtually eliminated. What 
would have been 10% third harmonic (a very serious degree 
of rounding) is now reduced to less than 1% (or in some 
instances less than 0.1%), so we have an amplifier that can 
be pushed so far with very little distortion. But then the 
clipping point is. reached, and distortion starts to increase 
quite suddenly. Figure 1 shows the way distortion invari- 
ably starts in a modern feedback amplifier. This is not just 
third harmonic but a whole range of harmonics reaching up 
into higher orders. This can be Fourier analyzed, but it is 
questionable whether the result of such a Fourier analysis 
gives a representative impression of the effect of the distor- 
tion. 

As Fig. 1(b) shows, the distortion component really takes 
the form of a succession of alternately up- and down-going 
pulses which can be analyzed into a Fourier series. 
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Whether it is analyzed into a Fourier series (with a wave 
analyzer, for example) and an rms value obtained, or 
whether its value is measured as a composite wave form 
with a meter that rectifies the wave form and measures its 
average rectified value (which is what harmonic distortion 
meters do), it seems doubtful that the resulting figure repre- 
sents its audible effect. 

If one listens to “static” hum, it sounds like a buzz, rather 
than a product of 60 cps. If one feeds more low frequency 
into a loudspeaker than it can handle so the diaphragm or 
voice coil hits its end-stops, the knocking is heard as a sepa- 
rate entity from the fundamental frequency at which it is 
driven. The clipped wave form is a drive voltage (or cur- 
rent) with precisely the same kind of added distortion com- 
ponent. Therefore it will also sound like knocking, as a 
separate entity from the fundamental frequency, rather than 
as a series of spurious overtones for this frequency. 

This being the case, it would seem more logical to com- 
pare the magnitude of the pulses with the magnitude of the 
fundamental. To see what this means, compared to the 
usual method of measurement, Fig. 2 shows the basic rela- 
tionships. The wave form can be regarded as a sine wave 
in which the tips are chopped off. The fraction chopped 
off is given the designation a. From the geometry developed 
in Fig. 2(a), the following relationships are derived: 

b= cos! 1/(1+ a) 
c° sin? 1/(1+ a) 

In the wave form or Fig. 1(b), where the fundamental is 
balanced out, the area of the tall narrow pulses must equal 
the long shallow areas that “balance” it. This is repre- 
sented, for a quarter period of the fundamental, in the right- 
hand part of Fig. 2(a). For simplicity, two areas can be 
regarded as approximately one quadrant of a sine wave— 
the areas shaded in opposite 45° directions. There is an 
overlap area where the shading produces a crosshatching, 
and this is outside the wave form. Subtracting this from 
both sine-wave quadrants, the remaining parts represent the 
areas “under” the wave above and below the reference line. 
So we derive this condition by equating the areas of the 
sine-wave quadrants, when the areas under the wave must 
also be equal. 

It may be argued that the up-going pulse is not a true 
sine-wave quadrant but must be represented by a more com- 
plicated mathematical series. This is being very rigorous. 
We have assumed the distorted wave is a chopped-off sine 
wave. As it never will be exactly this (because the feedback 
used is always finite), we shall not be justified in trying to 
be more rigorous, and this assumption is very convenient. 

Writing 6 + c = 7/2, we can produce expressions for the 
area of the whole shaded portions: the up-going pulse has 
an area of 2ab/m while the down-going quadrant of funda- 
mental sine wave is simply f. Equating these areas, which 
is the condition achieved by balancing out the fundamental 
in a harmonic distortion meter, we have f= 2ab/r. As 
e+ f =a, we can evaluate e from e = a(1-2b/zx). 

From this we can evaluate the comparative reading ob- 
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tained with an average reading meter, between the funda- 
mental and the harmonic residue, as with a harmonic dis- 
tortion meter. The relationship between the peak distortion 
component and the peak total output wave form is the 
fraction a. Figure 2(b) is a graph relating these two results. 

Notice that, for example, a reading of 0.1% distortion by 
conventional methods represents relationship between funda- 
mental and pulse magnitude of over 1%, or less than 40-db 
differential, which can be quite audible in certain frequency 
ranges, although most forms of harmonic distortion as low 
as 0.1% are definitely inaudible. 

Before leaving this section, we should answer the question 
of what effect use of a loudspeaker load, in place of the 
academic resistance load, has. This varies with individual 
amplifiers according to the kind of output circuit and the 
way the feedback is distributed. In particular, if the output 
tubes are pentodes (or beam tetrodes) operation into a load 
whose value runs higher than the nominal, limits the grid 
drive at which clipping occurs. But usually the amount of 
negative feedback is correspondingly increased by this 
change in loading impedance so the grid drive is reduced, 
and clipping actually occurs at about the same output 
voltage (but much less power, of course) and also very 
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nearly the same input voltage to the complete amplifier. 

Output circuits employing triode tubes, or triode-operated 
tubes, can also accommodate higher-than-nominal load val- 
ues—this is an inherent ability of triodes. But with values 
lower than the nominal impedance and voltage feedback, the 
distortion limitation is exaggerated. The only way to pro- 
duce results paralleling the pentode compensation is to use 
current feedback, which raises the effective source resistance 
of the amplifier, or yields a very low damping factor. Some- 
times this happens to be necessary, but it is unconventional. 

These remarks about the effect of loudspeaker impedance 
loading on the amplifier’s distortion possibilities have no 
connection with other possible effects that reactive loading 
can have which will be discussed later. 


LOW LEVEL DISTORTION 


Feedback, of course, reduces the distortion at lower levels 
very successfully. A fact that gets overlooked, however, is 
that for each reduction in magnitude of distortion there is 
a multiplication of the order of distortion. If the basic am- 
plifier, without feedback, generates second and third har- 
monic distortion, the addition of feedback may reduce the 
second and third components, but it will introduce fourth, 
sixth, and ninth components. True these are, theoretically, 
of very small magnitude, because the feedback works on 
them too. 

But if feedback is accomplished in separate loops, the 
effect can be multiplied. The shorter loop may only produce 
a relatively small reduction in second and third, and gen- 
erate small components of fourth, sixth, and ninth. Then 
the longer loop takes this and, as well as adding further 
fourth, sixth, and ninth, due to the residue of original sec- 
ond and third, contributes a small quota of eighth, twelfth, 
sixteenth, eighteenth, twenty-fourth, thirty-sixth, fifty- 
fourth, and eighty-first! Let’s not complicate matters fur- 
ther by adding another loop! 

It is difficult to give a quantitative analysis of this part 
of the subject. Admittedly, with ever-increasing feedback, 
the higher orders should be microscopic in magnitude. But 
there are many complicating factors. The frequency mul- 
tiplication and diminution in magnitude will go on until a 


point is reached where the feedback swings its phase to 


accentuate instead of minimize, as it does in many amplifiers. 
Additionally, some amplifiers have forms of distortion pecu- 
liar to the high-frequency region, due to erratic phase rela- 
tions causing internal nonlinear loading effects. This will 
further multiply these products by intermodulation among 
themselves. The logical result of this process would be a 
sort of program-modulated, high-frequency “noise” compo- 
nent, giving the reproduction a “roughness.” 


HARMONIC OR IM MEASUREMENT? 


But is not IM measurement more effective for indicating 
the apparent distortion? Figure 3 shows the kind of trans- 
fer characteristic on which most thecry of the relationship 
between the two forms of distortion is based. Using this 
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basis, mathematical relationships between the two forms 
have been deduced for various ratios of magnitude between 
the two test signals in the IM measurement, which are 
graphically illustrated here. 

Measurement of harmonic distortion basically determines 
the deviation of the transfer characteristic from its mean 
straight-line value, as shown toward the left of this figure. 
If the high frequency in the IM test signal has a small mag- 
nitude compared to the low-frequency magnitude, it serves 
to indicate, by its modulation, the change in slope of the 
transfer characteristic throughout its length. A ratio in the 
region of 10:1 would probably be ideal from this considera- 
tion. Use of a smaller ratio (bigger high-frequency com- 
ponent) allows variations in slope over short distances to be 
swamped. In an extreme hypothetical example (not likely 
to be met in practice) intermodulation distortion can be 
apparently zero, while there is considerable harmonic dis- 
tortion (Fig. 4). 

This somewhat imaginative hypothetical case uses a trans- 
fer characteristic in the form of a succession of waves such 
that the magnitude of the transfer characteristic waves is 
identical with that of the higher test frequency. This would 
result in the high frequency being unmodulated, giving zero 
IM reading. Of course, use of larger or smaller magnitude 
for the high-frequency signal would lose this hypothetical 
zero. Such a case is not likely to occur in practice, but it 


serves to illustrate the possibility that the more complex 


Fic. 3. Conventional transfer characteristic yielding higher IM than 
harmonic reading. 
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transfer characteristics can produce cases where the reading 
obtained will have maxima and minima according to the 
choice of relative magnitude of the higher frequency, and 
possibly also the value of the lower frequency, used for the 
test (because this often modifies the transfer characteristic) . 

Obviously, the relationship between harmonic and IM 
measurement cannot be simple, nor is it subject to mathe- 
matical computation with any degree of accuracy, as has 
been found by experiment. 


considerable harmonic. 


With the particular combination of Fig. 4, it is obvious 
that the harmonic distortion would be far more annoying 
than the nonexistent IM! Intermodulation testing of wave 
forms whose principal deviation is due to clipping is invali- 
dated in a way very similar to the harmonic measurement 
treated more fully at the beginning. The distortion prod- 
ucts shown qualitatively for an idealized measurement in 
Fig. 5 include a low-frequency harmonic residue similar to 
that of Fig. 1, which does not get measured at all by this 
method, as well as the regular high-frequency modulation. 
It is doubtful whether any practical instrument could meas- 
ure the wave forms as shown, (a) because the “nicks” in 
the modulated high-frequency wave form may only be one 
or two half-waves of the high frequency in duration, and 
hence the clipping may not be accurately sampled by the 
high-frequency wave; and (b) because the filter to remove 
the high frequency to obtain a modulation reading will also 
remove most of the “notch” amplitude. In this case, prob- 
ably the harmonic meter will give nearest to the theoretical 
reading expected of it. 

So far, we have only shown possible reasons invalidating 
the existing measurement techniques for the types of signal 
they are set up to measure. There are other things that 
happen in amplifiers that are probably more important from 
the viewpoint of audible interference with the program. 
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Fic. 5. IM analysis of clipping. 


TRANSFORMER DISTORTION 


Low-frequency distortion is one of these. Modern feedback 
amplifiers have a very low source resistance (high damping 
factor); as well as enabling the amplifier to damp the loud- 
speaker better, this enables it to “smother” the magnetizing 
current distortion in the output transformer, too. Satisfac- 
tory power output characteristics can be (and are) obtained 
with output transformers that run well into the saturation 
region because the feedback provides adequate regulation to 
deliver the magnetizing current without distorting the 
voltage. 

If the load is a resistance, as it usually is for test, the 
magnetizing current demand on the output tubes may not 
appreciably reduce the maximum power point because the 
peak in magnetizing current is almost in quadrature with 
the voltage, as well as making a dynamic load for the com- 
bination that “fits in” with little current-swing increase 
(Fig. 6, lower left). 

When the load takes the form of an inductive impedance 
equivalent to the nominal load resistance in series with an 
inductance, the magnetizing current can produce a much 
exaggerated effect (Fig. 6, lower right) that does not appear 
on the resistance load test. So an amplifier that delivers its 
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full power into a resistance load down to a low frequency 
may not do so well when feeding a loudspeaker in the same 
frequency range. 

Transformers do not normally cause distortion at the 
high-frequency end, but they have been known to do so, 
quite seriously, in an indirect manner. If the reactances in 
the transformer produce differences in the phase transfer 
response from the two output tube plates, these may be 
“seeing very different impedances.” Instead of working to- 
gether on the frequency being amplified, they may be oppos- 
ing one another, so as to produce a frequency-doubling 
effect. In an ultra-linear circuit, the possibilities for this 
kind of deviation are multiplied many times over, and very 
careful attenton to transformer design is vital. Distortion 
checks should be made up to much higher frequencies than 
is customary to eliminate such possibilities. 


PHASE COMPENSATION 


Application of large amounts of feedback brings its own 
problems as many amplifier design engineers are well aware. 
Achieving an adequate stability margin and obtaining a 
satisfactory frequency response (such as within + 0.1 db) 
requires careful finagling. This has been given the “engi- 
neering” title of “phase compensating,” which at least gives 
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Fic. 6. Effect of saturating output transformer magnetizing current. 
on amplifier dynamic load. 
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Fic. 7. Analysis of typical effect of phase compensating capacitor 
on amplifier response performance. 


the impression the whole thing is intentional and academi- 
cally designed for its purpose. That insufficient attention 
has been given to just what this approach really does can be 
shown fairly simply (Fig. 7). 

Without the phase compensating capacitor, we are hard 
put to get sufficient feedback (0.1% distortion and what- 
have-you), and it is also a problem to get a response within 
the desired limits (such as 0.1 db). Use of little capaci- 
tor(s) enables some of the effective roll-off elements to be 
“pushed way out,” so more feedback can be used, and it 
also enables peaks and roll-offs to be offset, one against the 
other, so the resultant response comes out nearer to flat and 
over a greater frequency range. 

What is wrong with this method? Basically, this ap- 
proach is a “trick” to enable the amplifier to work and give 
a satisfactory over-all response—as opposed to loop-gain re- 
sponse—with a smaller stability margin. If the loop gain 
(from input, through the amplifier, and back through the 
feedback) is measured with feedback connected or closed, 
as opposed to the input-to-output gain, these amplifiers in- 
variably possess quite a peak at some high frequency. This 
means their transient response is marred. 


FAKED SQUARE WAVE RESPONSE 


Will this reflect in the square wave test? At first sight 
one would think so, but further investigation—theoretically 
and with practical amplifiers—shows that this too can be 


“faked” (Fig. 8). This kind of trickery is very critical. 
The phase capacitor across the one half of the phase inverter 
load (nominally to “balance” the inverter) actually works 
with phase shifts in the output transformer so the two ring- 
ing components very nearly cancel on its secondary, al- 
though considerable ringing will be evident on both output 
tube plates. Usually the capacitor across the feedback 
resistor, as well as finagling the frequency response and 
high-end stability, acts to boost the residue of ringing pres- 
ent in the output. This boosted, phase-advanced, fed-back 
ringing combines with the original square wave to produce 
a critically shaped “starting” wave at the plate of this first 
stage. The precise shape of this wave is often dependent 
critically on the grid-circuit resistance of this stage because 
this controls the delay in the initial rise of the input wave 
form. 

This skillful combination produces a characteristic output 
wave form that has a fairly square leading edge with an 
irregular ripple a little way along. As a method of obtain- 
ing a “satisfactory” square wave response, it may be likened 
to a complex dynamic bridge involving practically every 
component in the amplifier and particularly including the 
load impedance. This is shown to a marked extent that 
adjustment of values to get the best “null” on the 8-ohm 
tap of a 4, 8, and 16 ohm output leaves the 4- and 16-ohm 
taps with considerably poorer response. One will be more 
peaky, and the other will show the opposite effect. That is 


using a resistance load in all cases on different output taps. 
When an impedance including reactive components is 


used, the “null” does not happen. Of course, reactive load- 
ing will always modify a square wave considerably, so it is 
not customary to show a square wave into a reactive load. 
But the loss of null effect will mar the drive passed on to 
the loudspeaker far more than the normal reactive loading 
of a true square wave obtained without “trickery.” With 
this method, though, a “satisfactory” square wave can be 
shown under idealized test conditions. But it is no indica- 


Fic. 8. Analysis of typical case of “faked” square wave response. 
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SOME DEFECTS IN AMPLIFIER PERFORMANCE NOT COVERED BY STANDARD SPECIFICATIONS 


tion of the relative performance of the amplifier on normal 
high-frequency transients, especially working into a loud- 
speaker, instead of the resistance load. 


LOW-FREQUENCY RESPONSE 


Low-frequency transient response is yet another question, 
and one with more “built-in” scope for finagling. All de- 
coupling components (screen, cathode, and plate supply) are 
capable of contributing a “step” response element to the 
low-frequency stability criteria. Careful choice of values 
can result in a satisfactory low end response (e.g., within 
0.1 db down to 20 cps) with a narrower-than-normal, low- 
frequency stability margin, so the amplifier verges on in- 
stability at a frequency in the region of a cycle. 

This can give rise to an undesirable shock-excited inter- 
modulation between a high-amplitude internal low-frequency 
wave train, that is inaudible in itself, and the program audio 
—a not unfamiliar effect, although often unidentified. It 
sounds like a cyclic distortion, going on and off once or 
twice a second, following any sudden burst of program, 
which need not always be at sufficient level to cause distor- 
tion otherwise. 

This effect is complicated by the fact that the inductance 
of most output transformers changes with signal level, par- 
ticularly at the lower frequencies where magnetization is 
appreciable. This means the effect may show when excited 
by certain program components, in frequency and level, and 
not by others. 

Although at both ends of the frequency response skillful 
use of “phase compensation” can produce an amplifier that 
will work with a gain margin much smaller than otherwise 
necessary and give the required frequency response (at least 
into a resistance load of the right value), the only successful 
way to achieve freedom from these side effects that show 
up in practical performance is to design the amplifier with 
a margin of stability adequate for the number of reactances 
contributing to roll-off in the over-all loop. 

Work done on a number of amplifiers using this basis 
results in an amplifier which does not have such a fabulous 
frequency response under test conditions—rolling off instead 
by perhaps 1 db at 20 and 20,000 cps—but it does maintain 
a more uniform performance into practical loudspeaker 
loads, and as a result sounds much cleaner in its reproduc- 
tion of different kinds of program transient. 


SUDDEN OVERLOAD 


Probably one of the most deleterious features of many 
modern feedback amplifiers is the “sudden overload” charac- 
teristic. This is not just the fact mentioned earlier that it 
goes quite suddenly into clipping. But when clipping occurs, 
the amplifier “triggers” into a really severe overload condi- 
tion from which it may not recover without reducing level 
to a point below the normal overload point. 

Analysis of one form of this is shown in Fig. 9. The 
change shown occurs with just a 10% (or 0.9 db) increase 
in input signal beyond the point where virtually no distor- 


201 


tion occurs. When the clipping starts, the fed-back voltage 
is clipped, so the wave form amplified by the early stages 
develops a sudden peak—the difference between the input 
and the feedback. This progressively exaggerates the drive 
to the output stages and further increases the clipping. At 
the same time, the rectifying action in the output stage 
grids produces additional negative bias on the coupling ca- 
pacitor from the previous stage that overbiases the output 
tubes, causing them eventually to start crossover distortion. 
This, being in the middle of the wave form, is naturally 
compensated to some extent by the feedback, but this addi- 
tional feedback produces a further exaggerated amplification 
of the middle sections of the wave in the earlier part of the 
amplifier pushing the condition still further. 

This kind of effect is characterized by two well-known 
evidences: (a) When the distortion occurs, using a sine- 
wave test signal, the input must be turned down to well 
below the normal “turn-over point” before the amplifier re- 
stores to normal operation, and (b) it is a critical job to set 
the input so as to get maximum rated output from the am- 
plifier. If the input is turned up a little too far, the distor- 
tion condition is triggered, and the input must be turned 
right down and brought up again. 

As shown in Fig. 9, this is just one of a group of sudden 
overload or blocking-type distortions. They can be compli- 
cated in an almost infinite variety of ways by what happens 
in the intermediate stages under this condition. The case 
shown has only one point of distortion generation—the grids 
of the output stage. But this suddenly calls on the earlier 
stages to handle about three times the normal maximum 
output signal of extremely distorted form. If any of these 
earlier stages, including the driver or phase inverter do not 
have this much “headroom,” other complications occur pro- 
ducing variations in the wave form and behavior pattern. 
Sometimes one half of the phase inverter will be overloaded 
throwing a distortion into the other half of opposite form, 
making an even more distorted, asymmetrical variation. 
Sometimes a condition is set up at part of the wave form 
where part of the amplifier goes into oscillation until volt- 
ages return to the normal operating region, and the wave 
form, already heavily distorted, carries a sort of “squegging” 
oscillation. 

This kind of overload effect is responsible for many seem- 
ing inconsistencies in the power rating of amplifiers under 
listening test conditions, as opposed to the bench test. It ex- 
plains the familiar complaint that a certain 15-w amplifier 
seems to give more output than a certain 60-w one. The 
15-w amplifier may use a circuit not subject to this kind of 
defect, and hence will accept twice the normal input swing 
required for 15-w output only producing a normal amount 
of clipping, and that only during the duration of the peaks. 
But if the input for the 60-w amplifier to give its full rated 
60 w is exceeded at all, it triggers into this severe distortion 
condition, distorting not only the peak that causes it, but 
also some of the program that follows. Thus the 15-w am- 
plifier gives the impression of being able to handle a louder 
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Fic. 9. Analysis of common type of sudden overload condition. 


program without going into distortion as severe as that 
caused by the 60 watter. 


METHODS OF DETECTION 


The remedy for the misleading readings discussed in Figs. 
1 and 2 would seem a simple one—technically, at least. 
There is, of course, the problem of how to avoid ambiguity 
of claims when some people are using one definition of har- 
monic percentage, while others still adhere to the old one. 
This could probably be overcome by inserting the word 
“peak” somewhere, such as designating the reading “per- 
centage peak harmonic.” 

A comparatively minor change would make a distortion 
meter register peak reading in measuring the residue, with 
a correction so that the percentage read is peak of harmonic 
as a fraction of peak fundamental. The balance adjustment 
should be carried out with a mean reading instrument; 
otherwise the residue will contain a component of funda- 
mental, although this may reduce the reading to not much 
more than half that obtained if the peak indication is used 
for setting balance. 

The resolution of inconsistencies between different forms 
of IM measurement using different frequency combination 
and various magnitude ratios would not seem possible. This 
would seem to be an area for standardization, after careful 
research to determine what combinations of measurement 


will “catch” most of the things that can go wrong. Perhaps 
one measurement can aim at determining the low-frequency 
performance, while another looks for slope irregularity in the 
over-all transfer characteristic. As things stand, use of dif- 
ferent standards renders it possible for each amplifier to be 
specified in terms favorable to its own transfer character- 
istic peculiarities, although it is doubtful whether this is 
done extensively. 

As any dynamic loudspeaker unit provides both forms of 
reactive loading in the vicinity of its fundamental frequency 
of resonance, perhaps some standard should be evolved for 
applying reactive load at the low-frequency end, as well as 
at the high-frequency end. This would take care of possible 
effects of transformer magnetizing current distortion under 
practical working conditions. 

The existence of a satisfactory stability margin can be 
checked fairly easily merely by increasing the feedback, to 
see how much more can be applied before instability sets in. 
Another method is the exploration of the effect of output 
loading—different values of resistance, as well as reactive 
components—on the amplifier transfer characteristic. If 
this differs appreciably from a prediction based on the ap- 
parent source resistance or damping factor, the loading is 
interfering with the over-all stability margin. 

Faked square wave performance is extremely easy to de- 
tect. Just check the wave form at different points inside 
the amplifier, as suggested in Fig. 8, while a square wave is 
passing. The ringing, so nicely camouflaged in the output, 
will show up at other points. 

Sudden overload characteristics in an amplifier also are 
easy to check—in fact, as many engineers who have en- 
countered it will testify, it is harder to hide! A specification 
to cover this would have to state how much more than 
normal full-load input the amplifier should accept without 
producing any trigger or blocking effects. 


CONCLUSIONS 


We have explored some of the forms of distortion caused 
by amplifiers from which it is evident that the present 
method of specifying amplifier performance is not adequate 
to give a reliable indication of expected quality of program 
reproduction. It is suggested that steps should be taken 
toward (a) establishing better standards of measurement 
and specification, more indicative of practical performance 
merits; (b) coordinating a series of corresponding minimum 
acceptable performance criteria in different groups, to avoid 
aiming, for example, at an unnecessarily excellent frequency 
response at the expense of some other desirable character- 
istic; and (c) instituting a program to educate the consu- 
mer to understand the new standards, broken down into 
simple terms. 

These steps would then enable the skill of amplifier de- 
signers to be put to better use. Some of the “perfection” 
achieved by modern amplifiers under virtually fictitious 
conditions could be sacrificed usefully to obtain better per- 
formance under normal working conditions. 
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The designer of high-fidelity amplifiers should not limit his attention to conventional perform- 


OCTOBER 1957, VOLUME 5, NUMBER 4 


ance characteristics such as frequency response and distortion; he must rather keep in mind the 
part the amplifier plays in the entire electroacoustical chain. 

The most important problems arising from this general point of view are: (1) actual required 
output power and dynamic range, (2) protection against overload, and (3) facilities to equalize 
the characteristics or inherent deficiencies of associated elements in the reproducing chain. 

The purpose of this paper (after a brief survey of conventional performance characteristics) is 
to discuss these general problems and to give a description of an amplifier for domestic use designed 


on the basis of the resulting conclusions. 


CONVENTIONAL PERFORMANCE CHARACTERISTICS OF 
HIGH-FIDELITY AMPLIFIERS 


T THE present state of amplifier design, the suppression 
of both linear and nonlinear distortion seems to be an 
accomplished fact. The generous use of negative feedback 
in all stages (say, more than 20 db per loop), in conjunction 
with the use of quality components, permits the reduction 
of distortion in the amplifier to values well under those of 
other elements of the reproducing chain. Frequency re- 
sponse flat within + 0.5 db over the whole audio spectrum 
and a fraction of 1% harmonic distortion have been claimed 
recently by leading manufacturers of high-fidelity amplifiers. 
It is appropriate to call attention to two other features 
often omitted in commercial specifications for amplifiers: 
(1) safety margin against instability, in both infrasonic and 
ultrasonic ranges, and (2) internal output impedance of the 
amplifier at low frequencies, controlling the damping of the 
loudspeaker system. In poorly designed circuits, this figure 
can be much greater than the advertised value at midfre- 
quencies. 


PROBLEM OF OUTPUT POWER 


The problem of actual required output power is the start- 
ing point in the design of an amplifier, and this figure should 
be established on the basis of a careful survey of listening 
conditions from both physical and psychological points of 
view. 

At the present time, the prevailing opinion on this matter 
is that a high-fidelity sound system for the home should be 
able to give in the listening room a peak sound level of 
about 100 db; i.e., close to the “fortissimo” peaks in a con- 
cert hall performance. In a fairly large living room (3000 
cu ft) with an average reverberation time (0.5 sec), this 
requirement calls for 0.4 w of radiated acoustical power or 
about 13 w of undistorted electrical power, assuming the 
average efficiency of a medium-sized loudspeaker system 
equal to 3%." 


* Received October 17, 1957. 
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This figure of 13 w should be increased in conventional 
amplifiers by a safety margin against overload. It is an 
important psychological point that the listener should never 
hear a high-fidelity sound system overloaded. In other 
words, the overload should occur at sound levels well over 
100 db, where the technical distortions become masked by 
physiological distortions in the human ear. This require- 
ment is necessary to give the listener the impression of se- 
curity and reliability of the system. 

There are two circumstances where a sound system may 
be operated at such high levels. The first one is simply a 
misadjustment of the volume control; the second occurs 
necessarily when a program with large dynamic range is 
reproduced under noisy conditions (see Fig. 1). The re- 
quired safety margin against overload is at least several db 
above the 100-db level, so conventional true high-fidelity 
amplifiers are often rated up to 50 w. 

It is the opinion of this writer that the solution of the 


1F. Langford-Smith, Radiotron Designer’s Handbook, (London, 
1955), fourth edition, p. 623. 
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problem of protection against overload by simply providing 
spare power is not a good one, either from the listener’s or 
from the technical point of view. It is true that the lis- 
tener will respect a sound system able to give the highest 
sound levels without noticeable distortion, but he would 
probably be happier if these exaggerated levels did not occur 
in his home at all. Technically, the reserve of power in the 
amplifier calls for an equal handling capacity in the associ- 
ated loudspeaker system with consequences in exaggerated 
dimensions and costs. 

The writer believes that the output power of a sound 
system for the home should be calculated strictly on the 
basis of listener’s preference data, and a safety device 
against overload must be provided in a different way. 


PREFERRED PEAK SOUND LEVELS 


According to the BBC tests? and Langford-Smith,* the 
preferred orchestral peak audio level reproduced by a single- 
channel sound system in the home does not exceed 98 db, 
even for critical listeners (musicians and engineers), while 
an average listener prefers an 88-db level. (These figures 
represent the estimated peak levels; the actual maximum 
levels, measured with a sound level meter, were 10 db 
lower.) 

It is thought that these figures, lower than the original 
orchestral peak level, result from the difference in psycho- 
logical conditions between a concert hall and the home. 
A very high sound level is in itself rather painful to a nor- 
mal ear. The fact that listeners in a concert hall accept it 
as pleasurable, results from a complex psychological process, 
wherein interest in the program, enhanced by visual effects 
and the excellent acoustical environment, overrides the 
purely physiological reaction. On the contrary, an indi- 
vidual listening to single-channel reproduction at home 
(even with full attention) is psychologically less prepared 
to yield to the program played by invisible performers and 
will not accept the highest sound levels as pleasurable. 

The only exception in listener’s preferences concerns two- 
channel true stereophonic reproduction. The author’s own 
experience in this matter seems to prove that for this kind 
of audition even an average listener is likely to accept peak 
levels up to 100 db. This requirement, however, is normally 
satisfied by additional power supplied by a second reproduc- 
ing channel of equal capacity. 

In conclusion, it is felt that the peak sound level in the 
listening room should never exceed the preferred 98 db per 
channel. Consequently, the output power of amplifiers for 
domestic use can be limited to about 12-15 w, and protec- 
tion against overload should be provided by means of a 
distortionless compression device. 


PEAK COMPRESSOR AND DYNAMIC RANGE 


Many a sound engineer may be astonished by the sugges- 
tion of the use of sound compression in the reproducing part 


27. Sommerville and S. F. Brownless, B.B.C. Quarterly 3, 245 
(1949). 


3 F. Langford-Smith, B.B.C. Quarterly 3, 623 (1949). 
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of the system. In fact, a great deal of work (including the 
author’s own contribution) has been done, in the past years, 
in precisely the opposite direction; i.e., in the use of ex- 
pander circuits, with the aim of restoring the original dy- 
namic range of the program material, compressed in the 
transmitting or recording process.** 

Nevertheless, at the present time it is thought that this 
trend results more from the narrowness of an engineer’s 
conscience than from a careful survey of actual listeners’ 
requirements. In fact, expander circuits, although very at- 
tractive for demonstration purposes, met only a rather 
limited success, in spite of the restricted dynamic range of 
early recording or transmitting techniques of about 35 to 
40 db. 

The major reason for this commercial failure seems to be 
the ambient noise in an average listening location, usually 
so high (about 45 db) that the extension of the dynamic 
range of the reproduction without exceeding the preferred 
peak sound levels is impracticable. 

It is believed, therefore, that the present dynamic range 
(up to 60 db) of modern facilities (FM transmitters, mag- 
netic tape, LP records, etc.) is more than sufficient for 
domestic single-channel reproduction (see Fig. 1). 

An ideal anti-overload sound compressor should not seri- 
ously influence sound levels ranging up to, say 95 db, but 
it should limit sound pressures to approximately the 100-db 
level. Thus the 55- to 60-db dynamic range of a high 
quality orchestral program will be practically unaltered 
when played in very good listening conditions with the am- 
bient noise less than 40 db. 

In less favorable (i.e., average) listening conditions with 
an ambient noise level of about 45 db, the compression of 
the same program will be certainly welcomed by the listener 
(and his neighbors!), since it permits audibility of soft 
passages without undesirabe excessive peaks. 

Compression becomes extremely useful in very noisy lo- 
cations (dancing parties, etc.) which call for very restricted 
dynamic range. 

From the technical and economical point of view, the 
peak compressor is a very desirable device, protecting the 
associated loudspeaker system, which can then be rated at 
a strictly useful value. 

EQUALIZING FACILITIES 

Another general point in the design of amplifiers is the 
requirement for equalizing the characteristics or deficiencies 
of other elements of the reproducing chain. 

There are, at present, two opposing opinions on this mat- 
ter among designers. On the one hand, many European 
manufacturers of so-called “hi-fi” radio-phonograph consoles 
provide in their amplifiers an incredible number of tone 
controls, both push button and continuously variable. These 
amplifiers are usually incorporated in rather poor electro- 
acoustical chains (crystal pickups, low-cost loudspeakers, 
poorly designed enclosures). This large number of tone 


4F. Langford-Smith, B.B.C. Quarterly 3, 686-93 (1949). 
5 T. S. Korn, Electronics, 21, 168 (1948). 


controls is advertised as a technical improvement, but in 
fact, it simply helps to mask the general low quality of 
sound. The widely adopted “prefabricated” frequency 
curves, selected by push buttons for different sound sources 
(“speech,” “orchestra,” “solo,” etc.) are in strict contra- 
diction to the concept of high fidelity, whose elementary 
condition is the lifelike reproduction of all sound sources. 
On the other hand, the manufacturers of conventional 
true high-fidelity amplifiers usually restrict the equalizing 
facilities to only a few features such as: (1) record playback 
curves, (2) “rumble” and “scratch” filters, (3) ear- 
compensated “loudness” control, and (4) simple bass and 
treble control. The manufacturers of these equipments seem 
to assume that their amplifiers will be used with ideal loud- 
speaker systems. The ideal of a “flat” frequency response 
in a loudspeaker seems to be an erroneous concept of “labo- 
ratory-minded” people. It is well known that the actual 
working conditions of a loudspeaker in a normal living 
room; i.e., the over-all response of the electroacoustical 
network: “loudspeaker-room-listener,” differs greatly from 
the free-field, on-axis response of the same loudspeaker.* 

The acoustical characteristics of rooms, influencing both 
the load on the loudspeaker and the sound pressure at the 
listening location, usually results in a complicated frequency 
response influenced by the distribution of normal modes, 
position of the loudspeaker, absorption, etc. Usually, a live 
room of moderate dimensions gives an enhanced bass re- 
sponse in comparison with free-field conditions. This action 
decreases, however, at the very low frequency end, where 
the density of normal modes in a room is small.? On the 
other hand, the high frequencies are largely influenced by 
the increasing room absorption, especially when reproduced 
by modern loudspeaker systems with the “acoustical envi- 
ronment effect”; i.e., working by reflections or reverberation. 
Usually, one finds here a sharp drop in response at the high- 
frequency end. 

The resulting frequency response of the room is very 
difficult to equalize by means of the simple bass and treble 
controls available in conventional high-fidelity amplifiers. 
It is believed that the tone controls should be designed in 
a selective manner but, of course, in reasonable quantity. 
They should, for instance, allow the boosting of the very 
low frequencies (say below 60 cps), whose audibility is 
essential for true high-fidelity reproduction, but at the same 
time it should be possible to remove the unpleasant mid- 
bass resonance, commonly called “jukebox bass,” or “out- 
of-barrel sound.” The reinforcement of the very high fre- 
quencies should not be necessarily followed by boost in 
medium high frequencies, whose excess gives the well-known 
“hard” character to the reproduction. 

This versatility of tone controls also enables one to obtain 
excellent quality of sound using reasonably priced loud- 
speaker systems without special acoustical treatment of the 
listening room. 


6 L. L. Beranek, Acoustical Measurements (John Wiley & Sons, Inc., 
New York, 1950), Chap. 15, pp. 661-80. 
7F. van den Dungen, Acoustique des Salles (Paris, 1936). 
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RUMBLE FILTER 


Another important point in the design of amplifiers is 
the rumble filter, whose purpose is to attenuate the unde- 
sired response at very low frequencies. Such a signal, origi- 
nating mostly from mechanical building vibrations, shocks, 
or electromechanical feedback, can overload the system, 
especially when using tuned enclosures, with undamped 
resonance of the loudspeaker at the lowest frequencies. 

The useful frequency band in home reproduction should 
be extended to, say, 35 cps, the acoustical load below this 
limit being too small in rooms of moderate dimensions; a 
fixed sharp high-pass filter, not affecting seriously the de- 
sired 35 cps, should be incorporated permanently in the 
amplifier. An adjustable rumble filter is not considered to 
serve any useful purpose, as the absence of 60-cps rumble 
and motor vibration seems to be characteristic of a high- 
fidelity signal source. 


THE DESIGN OF THE “PANTOPHONE” AMPLIFIER 


The described amplifier was designed on the basis of the 
preceding discussion, and it is characterized by the follow- 
ing features: 

(1) Nominal output power: 13 w. 

(2) Distortionless peak compressor rated at 4.8 db. 

This permits the use of a low power loudspeaker system, 
capable of giving a 100-db peak level in a normal living 
room (3000 cu ft). Due to the action of the compressor, 
this 13-w sound system can give, in noisy listening condi- 
tions, an average sound level equivalent to a 40-w system, 
with the same security against overload but without exces- 
sive peak levels. The compressor reduces only slightly (less 
than 2 db) the 60-db dynamic range of an orchestral pro- 
gram played in good listening conditions; i.e., the levels 
from 35 to 95 db. At low levels the system is completely 
inoperative, so the ratio of the signal to the surface noise 
is not affected. 

(3) Selective tone controls of “infra-bass” (35-70 cps) 
and “medium bass” (midfrequency—150 cps) allowing 
audibility of the lowest frequencies and removing the juke- 
box coloration. 

(4) Selective tone controls of “top” (2000-8000 cps) 
and “ultra-top” (8000—-14,000 cps) giving better sound bal- 
ance in the high-frequency range. These four tone controls 
(in conjunction with the conventional noncompensated 
“volume control”) are actually the “preset” facilities for 
acoustical conditions in the room. 

(5) Builtin high-pass “rumble” filter not affecting 35 cps 
(less than 2 db) but removing the troublesome response at 
the lowest inaudible frequencies. 

(6) Push-button selector for record playback filters. The 
adopted characteristics are three modern I.E.C. (Interna- 
tional Electrotechnical Commission) playback curves with 
the following time constants": 


(a) +3180 psec, —318 psec, —75 psec 
(b) +3180 psec, — 450 psec, — 50 psec 
(c) +3180 psec, —318 psec, — 50 psec. 
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AMPLIFIER us 


‘ q 


Fic. 2. Compression de- 
vice using an incandescent 
lamp in the negative feed- 
back loop. 


+ 


These characteristics are also called “new-orthophonic” or 
RIAA (United States) or “electric and musical industries” 
(Europe) curves, established in 1955. 

A fourth filter for old records gives an average early 
recording curve, with a builtin “scratch” filter. 

(7) “Flat” positions of the selector for radio tuner, mag- 
netic tape recorder, and microphone. 

(8) Conventional loudness control, compensating for ear 
sensitivity. 


CIRCUITRY AND PERFORMANCE 


It is beyond the scope of this paper to give all the details 
of the circuitry of the described amplifier. The discussion 
will be limited to some of the more important and rather 
unusual features. 


Peak Compressor 


Among many dynamic devices, the principle of a thermal 
variable resistance included in the negative feedback loop 
seems to be very suitable for the compressor.**® The ad- 
vantages of this system are simplicity, distortionless action, 
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VOLTAGE IN VOLTS 


Fic. 3. Resistance of the incandescent lamp from Fig. 2 as a func- 
tion of the strength of the signal. 


8 International Electrotechnical Commission, Technical Committee, 
No. 29, Doc. No. 13. 
®°F. Langford-Smith, B.B.C. Quarterly 3, 688 (1949). 


T. S. KORN 


and favorable “attack” and “release” time constants at full 
signal. 

The principle of the system is shown in Fig. 2. The re- 
sistance of an incandescent lamp with metal filament (P), 
connected as a part of the voltage divider in the negative 
feedback loop, varies with the temperature, or with the 
voltage applied to it (Fig. 3). At low levels, the resistance 
of the lamp is small (20 Q) and the feedback factor (1 + 
A) is fixed at 30 db. At high output levels the filament 
(P) gets warm and its resistance rises to 100 Q, increasing 
the feedback and reducing the gain of the amplifier by 4.8 
db. 

The time constant of the “attack” of the system with full 
signal is sufficiently small (less than 40 usec) to remove the 
overload before the ear can notice it. On the contrary, the 
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Fic. 4. Input-output characteristics of the amplifier with and with- 
out compression. Additional ordinate scale indicates the corresponding 
sound level in a listening room (3000 cu ft, reverberation time 0.5 
sec) with a loudspeaker system of 3% efficiency. 


“release” time is rather long so the system cannot follow 
the envelope of the signal even at the lowest useful fre- 
quencies. With smaller signals the “attack” time is longer. 

The resulting input-output characteristics of the ampli- 
fier, as well as the corresponding harmonic distortion, with 
and without compression are shown in Fig. 4. The addi- 
tional ordinate scale represents the corresponding sound 
levels in a fairly large living room (volume 3000 cu ft, re- 
verberation time 0.5 sec) using a loudspeaker system with 
3% efficiency. It can be seen that for an input voltage the 
action of the compressor shifts the overload point (1% dis- 
tortion) 4.8 db higher than without the compressor. So, 
the soft passages can be reproduced at the same level as in 
a 40-w system, with the same degree of safety against over- 
load. 


Equalizing Facilities 
The design of a “band-selective” tone control facility im- 
plies the use of tuned L-C circuits. The immediate danger 
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Fic. 5. Selective tone control device. 


resulting from this principle is the possibility of free damped 
oscillations, giving a selective overhang. To avoid this 
trouble, the tuned 150-cps circuit is inserted in the cathode 
circuit of the tube, controlling the negative feedback (Fig. 
5). Thus, the tube presents a very low resistance to the 
tuned circuit, damping its transient response. Another ad- 
vantage of this system is the low impedance of the control 
circuit. The coils are wound on ferrite cores, with negligi- 
ble stray magnetic pickup. The resulting frequency re- 
sponse curves for different positions of the tone controls are 
shown in Fig. 6. 


Record Playback Filters 
As stated before, the record playback filters are con- 


structed following E.M.I. recommendations with required 
time constants.!° These circuits are valid under the condi- 
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FREQUENCY IN Hz 
Fic. 6. Frequency response of the preamplifier in different positions 
of the selective tone controls: curve a, flat; b, infra-bass full; c, infra- 


bass full, medium bass cut; d, medium bass cut; e, ultra-top full; f, 
top cut, ultra-top full; g, top cut. 


10 E.M.I., “Recording and Replay Characteristics,’ W. W. (June, 
1956), p. 11. 
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tion of constant input current, so a gain of 34 db was sacri- 
ficed to meet this requirement. 


Negative Feedback 

The reduction of nonlinear distortions was obtained by 
generous use of the negative feedback in all stages, with a 
total sacrifice in gain of about 120 db. The preamplifier 
stages are designed in the form of “triode-tandem” circuits 
(Fig. 7), with negative feedback of 30 db each. 

The negative feedback loop of the power amplifier is ex- 
tended over three stages. The feedback factor varies from 
30 to 35 db, following the action of the compressor. A suffi- 


£ 


Fic. 7. Low distortion preamplifying stage. 


cient safety margin against parasitic self-oscillations (in- 
stability) is maintained on both ends of the frequency re- 
sponse, and no tendency to regeneration can be found in the 
spectrum from 5 cps to 1 mc. 


\ 


a 
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Fic. 8. Ratio of the internal output impedance of the amplifier to 
the nominal load impedance. 


The internal impedance of the amplifier as seen by the 
loudspeaker coil is shown in Fig. 8 as a function of the fre- 
quency. At a frequency as low as 40 cps, this impedance is 
about 1/20 of the nominal load impedance. 


a = 
ee 
OUTPUT 
INPUT | 
ft 
( 
= {0 
a OUTPUT 
ae 
Ox 
. 1 
“ rads Se nenal 
20 —— 
“TO MCTCO on Pat emaanen 
COME Cee | Ct 
. 10 - 70 r 
MEET TT ET) Eston aE ul 
Se.- LL4TTl| eel | Bae * 
La TTT PSST sa etl 
oS A eee 
" ! . Baal 
re te 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


OCTOBER 1957, VOLUME 5, NUMBER 4 


A Transistor Preamplifier Design for Magnetic Pickups” 


Haroip J. Paz 


Radio Corporation of America, Camden, New Jersey 


This paper describes the design and performance of a transistor preamplifier equalizer for mag- 
netic pickups for use in broadcast studios. It can be used with low impedance magnetic or high 


impedance variable reluctance type cartridges. 


The preamplifier uses three transistors and employs a feedback equalization which provides 
optimum response between 50 to 15,000 cps. The basic design equations for the transistor feedback 
equalizer are derived. The preamplifier can deliver an output level of —20 dbm to a 150-ohm load, 


with less than 1% harmonic distortion. 
stage resu'ts in a high s gnal-to-noise ratio. 


The use of the 2N175 low noise transistor in the input 
A three-position switch is provided for adjustment of 
the high-frequency response of the equalizer in accordance with the preference of the user. 
nating current line power rather than batteries is used to insure continuous operation. 

wiring boards are used for automatic production and product uniformity. 
designed to be mounted to the top of a studio turntable. 


Alter- 
Etched 
The preamplifier is 
The many advantages of transistors, 


which include ruggedness, lack of microphonics, and the absence of heaters to burn out or to 
inject hum make the choice of transistors for this preamplifier design a very logical one. 


DESIGN CONSIDERATIONS 


| | geese of a preamplifier equalizer for a magnetic pickup 
requires consideration of the normal recording level, the 
characteristics of the pickup, and finally the output signal 
level required. The preamplifier is designed for use with 
either the RCA MI-11874-4 “postage stamp” low impedance 
magnetic pickup or a variable reluctance pickup similar to 
G.E. RPX147 (see Fig. 1). 

The input level to the preamplifier is dependent upon the 
recording level and the transducer efficiency of the particular 
pickup. A 45-rpm test record RCA 12-5-51 has a normal 
recording level of 6.3 cm/sec at 1 kc. This level has found 
general acceptance and is used in this preamplifier design. 
Using the normal level test band of this record, the postage 
stamp pickup delivers an open circuit voltage of 12 mv. 

The output level of — 20 dbm was chosen, since this is a 
proper level at which to enter the mixing bus of a broadcast 
studio consolette. This level eliminates the requirement 
for a booster amplifier in the consolette and simplifies the 
wiring and placement of turntables. 


PICKUP FREQUENCY RESPONSE 


Figure 2 shows the frequency response characteristics of 
the pickups obtained with test record 12-5-51 which em- 
ploys the NAB-RIAA recording characteristic. The pickup 
under observation is played on this test record and the un- 
loaded pickup is measured with a vacuum tube voltmeter. 


* Presented October 10, 1957 at the Ninth Annual Convention of 
the Audio Engineering Society, New York. 


The data obtained from this test are plotted in this figure 
using the output at 1000 cps as the relative O-db level. 
Curve 1 in Fig. 2 shows the theoretical frequency response 
of an ideal pickup. This curve has a turnover frequency at 
2120 cps and a 6-db/octave boost up to 15 kc. The curve 
below 1000 cps has a 6-db/octave cut starting with a turn- 
over frequency of 500 cps down to 50 cps. Below 50 cps 
the curve flattens out by canceling out the 6-db/octave cut 
at 50 cps by a 6-db/octave boost at a turnover frequency of 
50 cps. Curve 2 is a plot of the unloaded output voltage 
of the postage stamp pickup. Note the departure of this 
pickup from the ideal curve beyond 7 kc with a resonant 
peak around 13 kc. This 13-kc peak can be reduced by 
loading the pickup output terminals with a capacitor. This 
external capacitor combines with the internal inductance of 
the pickup to form a resonant LC filter which tends to re- 
duce the peak. As will be shown subsequently in the sec- 
tion, “Circuit Description,” an RC filter is added to reduce 
the peak further. The pickup can be equalized by this 
method to within + 4 db from 50 to 15,000 cps. Curve 3 
in this figure is the frequency response characteristic of an 
unloaded variable reluctance pickup. 


PICKUP IMPEDANCE 


The input impedance of the transistor preamplifier equal- 
izer should be high enough so that it does not load the mag- 
netic pickup. It is generally known that the high-frequency 
response of a variable reluctance pickup decreases at a rate 
of 6-db/octave when it is terminated with a low impedance 
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A TRANSISTOR PREAMPLIFIER DESIGN FOR MAGNETIC PICKUPS 


Fic. 1. The transistor preamplifier with the cover removed. 


resistive load. Figure 3 shows the measured source impe- 
ance of the magnetic pickup at any frequency between 50 
to 15,000 cps. The postage stamp pickup has a dc resistance 
of 120 ohms and an inductance of 3 mh. The measured 
impedance of this pickup is shown by curve 1. Note that 
the source impedance of this pickup is 120 ohms at 50 cps 
and increases to 370 ohms at 15,000 cps. The variable re- 
luctance pickup, however, has a much higher impedance at 
any frequency. Its source impedance at 15,000 cps will 
determine the required input impedance to the transistor 
preamplifier equalizer. The variable reluctance pickup has 
a measured impedance of 260 ohms at 50 cps and increases 
to 14,000 ohms at 15,000 cps. When this pickup is loaded 
by a preamplifier input impedance of over 28,000 ohms, the 
loss in the output voltage at 15,000 cps is less than 1 db. 


SIGNAL-TO-NOISE RATIO 


The signal-to-noise ratio is an important consideration in 
the design of a transistor preamplifier equalizer. The am- 
plifier signal-to-noise ratio is dependent on the noise in the 
transistor used in the input stage of the preamplifier. Tran- 
sistor noise is affected by the quiescent collector operating 
point and the external impedances of the transistor. A 
fundamental understanding of the effect of these external 
parameters on transistor noise will help in designing a low 
noise transistor preamplifier. The three sources of transis- 
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tor noise which are affected by the quiescent collector oper- 
ating point are shown in Fig. 4(a). 

“White noise” is directly proportional to the quiescent 
emitter current and is inversely proportional to the dc com- 
mon emitter current gain By. and the base lead resistance 
Tow. The second source of noise “surface noise,” is propor- 
tional to the square of dc emitter current, /,*, and inversely 
proportional to the frequency. Lastly, the “leakage noise” 
is proportional both to the square of the leakage current, 
Ico”, and the collector to base voltage, and inversely pro- 
portional to frequency. White noise is much greater than 
leakage noise or surface noise when 5 v and 0.5 ma are the 
quiescent collector operating point of a 2N175 low noise 
transistor. 

Lin' has derived an equation showing the effect that exter- 
nal impedances have on signal-to-noise ratio. This equation 
is shown in Fig. 4(b). Signal-to-noise ratio is equal to the 
generator voltage, V,, divided by the sum of all the external 
impedances Z, and the equivalent white noise current gen- 
erator (/,,”)*. In this equation the signal-to-noise ratio 
is independent of the transistor current amplification factor, 
B. In general, negative feedback does not influence the 
signal-to-noise ratio but is useful in decreasing distortion 
and increasing the transistor input impedance. The total 
impedance Z, is equal to the sum of the phonograph pickup 
impedance Z, and the impedance in series with the transis- 
tor base electrode including the internal base lead resistance 
ry» of the transistor. 
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FREQUENCY IN CYCLES PER SECOND 
Fic. 2. Frequency response characteristics of pickups. 


For a good signal-to-noise ratio we need to follow two 
rules in the equalizer preamplifier design. First, select a 
low noise transistor and operate it, both at a low collector 
voltage V, and low emitter current, /,, since transistor noise 
is directly proportional to both these factors. Then, with a 
minimum internal transistor white noise, select the external 
parameters so that Zr is low enough to give a high signal-to- 
noise ratio. The “spot” signal-to-noise ratio of the RCA 


1H. C. Lin, J. Audio Eng. Soc. 4, 168 (1956). 
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Fic. 3. Measured source impedance of magnetic pickup. 


postage stamp pickup if measured with a filter with 1-cps 
bandwidth will not change more than 4 db over the fre- 
quency bandwidth because its source impedance is only 350 
ohms at 15,000 cps. If the emitter impedance Z, is selected 
at 150 ohms, then Z,, the total impedance, is equal to 690 
ohms. The measured impedance of the variable reluctance 
pickup at 2000 cps is 2500 ohms. This is very much greater 
than Z,-+ Z,’ and so the spot signal-to-noise ratio of the 
transistor preamplifier will decrease as the frequency in- 
creases as shown by the equation in Fig. 4(b). If two 
phonograph pickups have the same value of output voltage 
V,, then the pickup with the lowest internal impedance has 


the highest signal-to-noise ratio when used with a transistor 
amplifier. 


FEEDBACK EQUALIZER 


A transistor feedback equalizer circuit with NAB com- 
pensation is shown in Fig. 5. 


TYPE OF NOISE 


AFFECTED BY 
(1) WHITE NOISE le , Bac 5 Yow 
(2) % SURFACE NOISE $ 

(3) % LEAKAGE NOISE Ico» Ve 


A. 


() 


WHERE Z,= Zp + Ze + Z 
(Tao * ) 2="wurre NoIse” CURRENT GENERATOR 


Fic. 4. (A) Internal transistor noise sources. (B) Affect of external 
impedances on signal-to-noise ratio. 


The amplifier consists of two common emitter transistor 
stages using RC coupling with the output from the collector 
of the second transistor Q2 fed back by a frequency selective 
network Z to the emitter electrode of transistor Q;. In 
order to simplify the circuit, components that do not play 
an important role in the feedback equalizer have been 
omitted. This feedback circuit has two important features 
required for a preamplifier equalizer for use with the postage 
stamp pickup or the variable reluctance pickup. The circuit 
has a high input impedance, an excellent signal-to-noise 
ratio, and a great deal of negative feedback which results in 
low amplifier distortion. This two-stage feedback equalizer 
concept is not new in electronics; in 1952 G. E. Jones, Jr.,? 
described an equivalent vacuum tube circuit. Transistors 
today have a wide variation in their parameters. The cur- 
rent gain, for example, may vary from unit to unit by as 
much as 4 to 1. An excellent way to control the shape of 
the frequency response and voltage gain of a transistor 
amplifier is to use negative feedback. The signal current 
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Fic. 5. Transistor feedback equalizer circuit. Design equations: 
(2) Zin= B,:B:Re. Assume: feedback at 50 cps when Z << B.Rrp. 
Voltage gain: (3) V.G.=1+2Z/Re. Midband voltage gain: (4) 
V.G.mia=1+ Re/Re, 500 cps turnover: (5) Cr. = 1/27 500 Rr. 
2120 cps turnover: (6) Cy = 1/24 2120 Rr. 


flowing out the collector of transistor Qe (see Fig. 5) divides 
into two parts; one part flows into the load resistor R,, and 
the remaining signal current is fed back through the feed- 
back network impedance Z to the emitter of transistor Q). 

The following design equations are obtained by an analy- 
sis of the feedback equalizer circuit shown in Fig. 5. A de- 
tailed analysis showing how these equations are obtained 
is included in the appendix of this paper. 

To insure enough feedback current at 50 cps, the feedback 
impedance: 

Z<< B2R1, (1) 
where B, = current gain of transistor Q2. The approximate 
input impedance of the amplifier is 

Zin = B,B.Re, (2) 
where B, = current gain of transistor Q). 

This equation for the input impedance assumes that the 
current gain B, and Bz is a constant in the pass band. With 
present audio units the current gain drops to 1/¥Y 2 of its 
devalue at about 10,000 cps. Hence, if both transistor Q, 
and Q» have a beta cutoff at 10 kc, Z;, at this frequency 
will be 2 the maximum input impedance. By selecting R, 
large enough, the input impedance at the upper frequency 
of the pass band can be kept above the required value. A 
value of R, = 150 ohms for this model had a measured total 
input impedance of 45,000 ohms at 15,000 cps. 


>G. E. Jones, Tr., Audio Eng. 36, 24 (1952). 
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The voltage gain (V.G.) at any frequency in the pass 
band is 
V.G.=1+ (Z/Rz). (3) 
At 1000 cps, the midband frequency, the value of Z is 
equal to Ry so that the midband voltage gain 
V.G.mia = 1 + (Re/Re). (4) 
Equations (5) and (6) (see Fig. 5) show the value ot 
capacitance C,, and Cy required to satisfy the NAB equali- 
zation curve by a turnover frequency at 500 cps and 2120 
cps, respectively. 


CIRCUIT DESCRIPTION 


The preamplifier equalizer circuit is shown in Fig. 6. The 
three-stage amplifier used three pnp transistors with selec- 
tive feedback to achieve the complementary NAB-RIAA 
equalizing curve. The amplifier operates from its self- 
contained ac power supply. Etched wiring printed circuit 
boards PC1 and PC2 contain the components used in the 
amplifier and power supply filter, respectively. A three- 
position tone switch S; is used to boost or cut the high- 
frequency response of the preamplifier. 

Transistor Q, is RC-coupled to Qz and the output is fed 
back through the frequency selective feedback network Cy, 
Ris, and C,,, located on switch S;, to the emitter electrode 
of Q:. 

The preamplifier etched circuit board PC1 is shown wired 
to operate from the postage stamp pickup. To connect a 
broadcast-type variable reluctance pickup to this amplifier, 
jumpers across terminals A to C, B to D, and N to R must 
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be removed. This disconnects the two-stage RC filter R;, 
C,, Re, C2, and Rs required to reduce the 13-kc peak in the 
postage stamp pickup. A jumper across terminals C to D 
connects the variable reluctance pickup directly into the 
high input impedance of transistor Q,. The 2120-cps turn- 
over required when equalizing for the NAB curve is pro- 
vided by Ris, a 1600-ohm resistor located on switch S, and 
capacitor C,,, a 0.047-mf capacitor. The RC time constant 
required for the 500-cy turnover is provided by Cy, a 0.15- 
mf capacitor and Rs. The calculated value required for C 
was 0.2 mf, but in practice a 0.15-mf capacitor was shown 
experimentally to result in a better response with the mag- 
netic pickup at frequencies below 1000 cy. The dc blocking 
capacitors used in the three-stage amplifier result in a third 
turnover frequency below 50 cy. 


Output Level Adjustment 


The output power level of — 20 dbm is delivered to the 
load when either the postage stamp pickup or the variable 
reluctance pickup is used. The voltage that appears at the 
base input electrode of transistor Q, is much lower for the 
postage stamp pickup than it is for the variable reluctance 
pickup. The output voltage of the postage stamp pickup 
at low frequencies is attenuated by the voltage divider 
network consisting of R;, Re, R; and the internal 120-ohm 
dc resistance of the pickup. The additional gain required 
for this pickup is obtained by changing the amount of nega- 
tive feedback in the emitter electrode of transistor Q,. When 
using a variable reluctance pickup the output level must 
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Fic. 6. Preamplifier equalizer circuit. 
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Fic. 7. Frequency response of the transistor preamplifier equalizer. 


be readjusted by disconnecting the jumpers across terminals 
R to N and rewiring it across terminals R to T. 


Buffer Stage 


Transistor Q; is a buffer amplifier stage which isolates the 
output transformer 7, from feedback equalizer Qo, whose 
output impedance is changing with frequency. If the tran- 
sistor preamplifier is to operate directly into the mixing bus 
of a consolette, it must have a constant source impedance. 
The output impedance of transistor Q; is too high for the 
selected output transformer, so R,;, a 270-ohm resistor, pro- 
vides the correct source impedance for the primary winding 
of the audio output transformer. 


Output Impedance 


The output impedance of the amplifier can be 150 or 600 
ohms by connecting the two secondary coils of transformer 
T, in parallel or in series, respectively. 


Power Supply 


A small germanium 1N91 diode is used as a half-wave 
rectifier. A three-section capacitor input filter is satisfac- 
tory for the small power requirements of this amplifier. Due 
to the low gain required for this application the need to use 
an RC decoupling filter to isolate the output stage from the 
input stage is not critical. Resistor Ro, a 680-ohm resistor 
is used to develop a positive voltage that is required to bias 
the transistors. The ac ripple voltage across Re; is filtered 
by capacitor Cs. This capacitor is a 175-mf capacitor lo- 
cated on the etched wiring printed board of the amplifier. 


PERFORMANCE 


The frequency response of the transistor preamplifier 
equalizer is shown in Fig. 7 when the postage stamp or the 
variable reluctance pickup is used with the frequency test 
record. When using the tone control switch S$, in position 
3, the postage stamp pickup is equalized to + 4 db from 
50 to 15,000 cps. The effect the tone control switch S; has 


on the high-frequency response is shown by curves 1 and 
3 in Fig. 7. 

The output power level is —- 20 dbm to a balanced 150- 
ohm load. The harmonic distortion at this output level is 
less than 1.0% over the frequency range of 50 to 15,000 cps. 

The output signal-to-noise ratio is better than a compara- 
ble vacuum tube equivalent which measured 55 db com- 
pared to 65 db for the transistorized model. 


CONCLUSION 
In conclusion this paper shows that feedback in a transis- 
tor preamplifier provides a solution to the problem of equali- 
zation of magnetic pickups. Experimental results show the 
validity of the derived formulas. 
APPENDIX 
Transistor Preamplifier Equalizer (Fig. 8) 


Derivation of Basic Equations 


Tp (8, +1) 


zZ=O——9 


B. 


SCHEMATIC EQUALIZER 
Assume Q; parameters are B, r,, fp, and assume Q2 pa- 
rameters are Bo. 
Equation for node “A” 
T. = (Bi + 1) yp + I. 
Equation for node “B” 
I, a B, BoI,-I;. 
Equation for loop 1 
Vi =1,R,=Z1;+ Rel. 
Equation for loop 2 
V=th To + Tbe, (Bi + 1) Rele. 
Solving for J, Sub (1) and (2) in (3) 


(1) 
(2) 
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A TRANSISTOR PREAMPLIFIER DESIGN FOR MAGNETIC PICKUPS 


Zin ™ To, + Te, (Bi + 1) + 
B, Bz Re |Ri/(Z + Ri + Rz)). 
Maximum input Z. If f > 10 ke 
Zin ~ To, + Fe, (Bi + 1) + (13) 
B, Bz Re [Ri /(Ri+ Rz)}. 
Note that B, and Bez are a function of frequency f. 


Output Voltage 


Vi — I, Ry. 
Substitute (7) into (14) 


V_=—J1, RB, Be 


Substitute (10) into (15) 


1+ Zz. 
“ Re 
; ¥.=F, - 86) 
Ce Z [Re + re, + (r»,/B1)] 
| a 1+ 
4 Lo Bz Ri + Re 
Fic. 8. Preamplifier equalizer mounted in a turntable. Simplified equation for V,, since Bz Rp >> Re 


and if Be Ry = 10Z (Re + re, + 7»,/Bi) 
1, = 1, |B, Bs Rp - (Bi +1)R./(Z+R_+Re)]. (5) where Z has reached its maximum at f = 50 cps, then 
Solving for 7; Sub (5) in (2) pA 
Ih, =I,/(Z + Ru + Re) ve=vs[1+—]. od 
[B: By Z + Re(B; Bo +B; +1)]. (6) r 


Simplified equation for /;, since 1 >> 1/B2 + 1/B, Bz then 
I a I, B B. 
t= 1, B, By R, (7) 
1+ 
Z+ Re 
Solving for J, Sub (5) in (1) 
i,= 
IT, [(B: + 1) Z+ Ri B, Bs (1+ 1/B2+1/Bi:Bz) (8) 
/(Z+Ri+ Re)] 
Simplified equation for J, since 1 >> 1/Bz + 1/B, Bz and THE AUTHOR 
B, >> 1 then Harold J. Paz was born in Brooklyn, New York, on April 11, 
a J 1929. He entered Polytechnic Institute of Brooklyn in 1948. 
i, = 1B; [(Z + Be Ri)/(2Z + Ru + Re)). (9) In 1950 he left college for two years to work on a transistor 
Solving for V, Sub (9) into (4) computer at Bell Telephone Laboratories. He obtained a 
a B.E.E. degree from Polytechnic Institute of Brooklyn in 1954. 
Vo = Ty (to, + Fe, (Bi + 1) + (10) Upon graduation, he joined the Philco Corporation and worked 
[B, Re (Z + B2R_z) \/[2+ Rit+ Rz}}. on a direct coupled audio amplifier. 
Mr. Paz joined RCA in 1955 and worked on the develop- 
Input Impedance ment of a transistor phase control power supply. He designed 
as Let a transistor preamplifier-equalizer and a high-fidelity transistor 
Zin = Vi /Iy =", + Fe, (Bi + 1) + (11) power amplifier for the Broadcast Studio Engineering Depart- 
[ReB; (Z + BeRz)|/[Z + Ri + Rel. ment. Presently, he is a transistor switching circuit designer 
If Be Ry, >> Z @ 2 ke then when F > 2000 cps for the RCA Surface Communication Department. 
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voltage is a function of C,, only since 
|Xe,| =|1/2efCr.| >> | Rr (-Xc,)/(Rr-Xce,) | 


Z ~ Xe, until at f = 500 cps where | X¢,| = Re. This is 


the first turnover frequency. 


Cr = 1/24500Rr. (18) 
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ing the technical problems. 
are discussed in some detail. 


- JULIUS A. KONINS 


At low frequencies where 50 cps > f > 500 cps the output 


Then the voltage V;, will remain constant as the frequency 


Problems and Considerations of Tape Duplicating Production® 


Juutus A. Kontnst 
Dubbings Sales Corporation, Hewlett, New York 


The market for pre-recorded music tapes is briefly discussed along with some statements regard- 
Main considerations and factors involved in production duplicating 


increases, until the shunt capacitor C, has a shunt reactancé 
that is small enough to change the value of (Z). The nex 
turnover frequency is at f = 2120 cps. 

Cu = 1/272120Rp (19) 
or Cy ~C,/4. (19A) 
The midband voltage gain at a frequency of 1000 cps is 
Vi = V, [1 + (Rr/Re) | when Z = Rr. 


(20) 
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, pe paper discusses some aspects of commercial tape 
duplication. Since tape duplicators and tape duplication 
are not readily separable, the production aspects rather than 
the equipment in question will be stressed. 

Any newly designed piece of production equipment, no 
matter how well thought out by the manufacturer, is certain 
to be made obsolete by a user who is a specialist in his field 
within a few months at the most. It usually takes many 
years of redesign and re-evaluation to make a really superior 
product, one that will stand up under production require- 
ments, that will give consistently good results, that will re- 
quire a minimum of down-time and maintenance time, and 
that will be fairly foolproof. It is surprising how important 
that last requirement can be. 

At any rate, equipment available today can produce a fair 
product at a reasonable unit tape cost. The attendant pro- 
duction problems are probably not at all as simple as those 
who can make a truly fine individual copy may think, nor 
are the problems quite as difficult as some of us who have 
tried to make quantity tapes seem to believe. Tape dupli- 
cation has its own special production problems, and some 
of these problems are discussed below. 

One of the difficulties we must contend with is the inade- 
quate margin in quality between a laboratory product, that 
is, the master tape, and commercial requirements. Further- 
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more, tape is expected to sound better than a disk record. 
The reasons for these expectations are at least partially 
psychological. Almost any layman expects tape, being the 
newest and latest thing, to be superior. He will not be con- 
cerned with the tape speed—-334, 5, or 714 ips—it is all the 
same to him. Now record pressing in the last few years 
has reached a pinnacle of development, and discounting the 
still very real problem of surface noise, the quality of an 
average pressed record is astonishingly good, even more so 
when you consider the number of generations of operations 
involved during the processing and pressing. 


AZIMUTH ALIGNMENT PROBLEM 


In order to get a good 7!4-ips commercial pre-recorded 
tape, a good 15-ips master must be used in the duplicator. 
Let us refer to this master as a duplicator master. 

This master, first of all, must be at 15 ips. The writer 
has yet to see any successful duplication made from 7% to 
7% ips. The main difficulty here is azimuth alignment. 
Adequate azimuth alignment and head contact alignment for 
consistent successful playback of %-mil wavelength (that is 
15 ke at 7% ips) is, at the present time, practically unob- 
tainable. Time and again it will be found that a full reel 
of a 7\4-ips tape aligned to reproduce a 15-kc tone at the 
beginning of the reel will be off several db by the time the 
end of this reel is reached. It is to be noted that it isnot 


the electronics that is creating this problem, but strictly 
Maintenance of correct azimuth 


mechanical considerations. 


PROBLEMS AND CONSIDERATIONS OF TAPE DUPLICATING PRODUCTION 


alignment at 1-mil wavelength becomes even more difficult 
as the magnetic heads and the tape transport begin to show 
signs of wear. 


The first symptoms of misaligned playback are not so 
much a loss of high-frequency response as a swishing noise 
which indicates the tape is oscillating in and out of azimuth 
alignment. This swish occurs only when the azimuth is 
slightly misaligned, and it is most noticeable either on a 
steady high-frequency tone or on the noise background of 
a musical tape. At its worst, it can be a most obnoxious 
sound. Some years ago, at least one of our engineers was 
in favor of masking it by adding a more consistent noise 
to the recording. 

When there is extreme azimuth misalignment there is no 
swishing noise, nor any really extended high-frequency re- 
sponse. 

We have not made a very serious study of the problem of 
tape oscillation, but we have made a fair investigation. We 
have looked into the question of maintaining alignment, and 
we have even made a study of maintaining controlled mis- 
alignment. 


For the above study we are grateful to Mr. Robert J. 
Marshall of Sherman Fairchild Associates, who made it pos- 
sible, by making for us a calibrated playback head assembly 
where the azimuth alignment is controllable to within a 
couple of angular seconds. 


To the best of our knowledge, there exists in all tape mo- 
tion a certain amount of oscillation around the vertical azi- 
muth. About 10% of this oscillation can be attributed to 
head contact variation. 

This tape oscillation can usually be observed on a tape 
recorder by misaligning an alignment test tone down on the 
slope of the output versus alignment angle curve. At that 
point, it will be noted that the level indicator or VU meter 
will not simply show a loss of output but will begin to fluc- 
tuate furiously, indicating a rapid variation of azimuth 
alignment. The amount of the variation will vary from 
machine to machine, from one brand of tape to another, and 
with the wavelength of the alignment signal. 

Incidentally, azimuth alignment may vary slightly with 
different brands of tape, due probably to the varying co- 
efficient of friction of the tape. One of the faults we used 
to attribute to tape was a somewhat unsteady output level 
reading at almost any frequency. At the lower frequencies 
the variation is probably a result of the variation in thick- 
ness of the oxide coating. Variations at higher frequencies 
cannot be attributed to coating thickness variations but 
rather to the uniformity of the oxide itself, or to head con- 
tact, or most likely, to azimuth alignment oscillation, which 
even when occurring on the broad peak of the curve, can 
still show a 0.5- to 1-db variation. And, the shorter the 
wavelength we are dealing with, the narrower the operating 
peak of this curve. We have found that at present we can- 
not consistently maintain alignment on that peak. 

Even if the playback head is realigned for every different 
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7¥%4-ips master, azimuth alignment will not be maintained 
with any degree of consistency. 

A 15-ips duplicator master reduces the playback azimuth 
alignment problem to a vanishing point on half-track tapes 
or stereo tapes. A full track tape, though, played back on 
a full track head, is still too azimuth-sensitive for production 
purposes, even for 1-mil wavelength. The solution is to use 
a narrower playback head centered on the full track tape. 
An 80- or 90-mil-wide head will not be excessively azimuth- 
sensitive to 1-mil wavelength, and the 6 or 8 db of signal 
attenuation will be more than offset in the increased output 
of the higher duplicating speeds. It should be noted that 
this discussion is not about maintenance of alignment in a 
studio but in a factory. An attempt to apply recording 
studio maintenance techniques to factory production will 
plummet production capacity downward at a startling rate, 
and lack of adequate techniques will cause the reject rate 
to skyrocket. Therefore, production techniques must be 
evolved that will not involve hourly maintenance and yet not 
result in the manufacture of a thousand tapes or so, all re- 
jects. In our installation, a thousand such tapes could 


readily be accumulated in a matter of several hours, some- 
times even before quality control could determine what was 
happening. Errors of this sort are extremely costly, and it 
is therefore essential to forestall them as much as possible. 


DUPLICATING TAPE SPEEDS 


Once we accept the fact that for smooth production, the 
duplicator master must be at double the speed of the final 
product, tape speeds are probably limited to 30-ips recording 
and 60-ips playback. 

Note that the recording could readily be done at 60 ips, 
but then the playback would have to be 120 ips, which pre- 
sents a number of mechanical difficulties that we have as 
yet not seriously investigated. Frankly, there has been little 
incentive, so far, to investigate higher duplicating speeds 
since with the type of setup we have, there would be little 
significant increase in total production. 

The average tape we are called upon to produce runs 
under 900 ft. At the 30-ips record speed that takes around 
5-min running time with an average loading time for our 12- 
channel duplicator of 2/2-min or about 7% min/cy of 12 
tapes per machine. If we were to double the record speed, 
the cycle would be reduced to 5 min instead of 714 min, 
resulting in a theoretical increase in production of about 
50%. This increase, however, would be more theoretical 
than practical at the present time since the cycle of 7% 
min gives us just about enough time to prepare reels, raw 
tape, reel labels, hand serial numbering, do quality control, 
post quality control sheets, box, insert literature, and finally 
carton and address for shipment to purchaser. Only when 
and if the demands of the industry begin to strain our pro- 
duction capacity, will it pay to brave the attendant engineer- 
ing difficulties and increase our recording speed, a step which 
we have taken twice in the past four years. 

This brings up the interesting point of the economy of 
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high-speed duplicating versus lower speed duplicating. 
There is no pat answer to this except to point out that it 
depends on a relationship between loading time, recording 
time, number of channels, and the time required for labeling, 
quality control, and packaging. 

If the duplicating involves one channel only, the differ- 
ence in production at the end of the day between 60 and 
30 ips recording is almost double. At 30 ips, a 1200-ft reel 
runs off in say 734 min, and one channel can possibly be 
reloaded in 15 sec (particularly with automatic rewind of 
the master). That makes a cycle of 8 min. At 60 ips, the 
same cycle with the same 15-sec loading time, takes about 
4 min and 8 sec. Since the operator could easily check the 
single tape he produced, and label and package it in far less 
than 4 min and 8 sec, he will find himself with idle time 
on his hands. And at the 8-min cycle, he will probably 
quit the job from sheer boredom. As can be seen, in this 
case, doubling the speed of duplication has doubled the 
production with no increase in manhours. 

Furthermore, even if an efficiency expert could show how 
to decrease the loading time by a factor of 3—say, from 15 
to 5 sec—the owner of the duplicating business would hardly 
be interested. 


This picture would change rapidly, though, as the number 
of channels increased. With 50 channels, there would be 
no interest in increasing duplicating speed but rather a pro- 
found interest in reducing loading time. 

We have found that 2 units consisting of 10 to 12 chan- 
nels each, recording at 30 ips, and using a total of 5 people, 
exclusive of quality control or machine maintenance, will 
efficiently produce and package for shipment over a thou- 
sand 900- to 1200-ft tapes on a single 8-hr shift. 


To increase duplicating speeds, several things would have 
to be done. In our case, we would not have to increase the 
audio pass band, since that was already allowed for when 
we designed our existing record electronics. We use push- 
pull parallel 12L6’s in a transformerless output record am- 
lifier, and we have a pass band in the neighborhood of 0.5 
Mc. However, bias frequency still would be a problem. 
We have found continuous improvement in quality as we 
raised our bias frequency up to 8 times the highest audio 
frequency of interest. We operate our bias frequency now 
at over 0.5 Mc and find that our record heads get quite 
warm and that the bias power requirement gets very high. 
To raise the present bias will involve either using different 
record heads or water cooling existing heads. At the mo- 
ment we do not care for either solution. Nor do we care 
about developing more bias power at a higher frequency. 
We would then be in the middle of the AM broadcast band 
and we can foresee possible problems there. 

Playing the master at 120 ips is not a very appealing 
prospect either. So the next increase in duplicating speed is 
required to wait, at least until we can iron out some of our 
other problems, and until the need for increased speed be- 
comes more apparent. 


JULIUS A. KONINS 


RECORDED LEVEL OF MASTER TAPES 


A duplicator master should be a 15-ips master recorded at 
a level about 2 to 4 db higher than the final product con- 
templated. This is not to say that the final product should 
be a low level copy, but rather that the duplicator master 
should be a very high level copy. This will help minimize 
any additional hiss arising from this extra generation. 

Should the high levels required cause noticeable tape satu- 

ration or amplifier distortion, it may be necessary to use a 
higher sensitivity and higher output tape for the duplicator 
master. If it becomes impractical to make duplicator mas- 
ters directly from the original, they are then made from 
what is referred to as an “intermaster.”’ An intermaster is 
handled and treated exactly as if it were an original master. 
It presupposes excessive difficulties in getting the original 
again or that an excessive amount of re-equalization, cross 
channeling, reverberation, splicing, etc., was required to re- 
pair the original and that it would be impractical to do this 
each time a duplicator master were required. Similar rea- 
soning suggests making 30-ips intermasters for 15-ips dupli- 
cator masters. And there are concrete advantages to making 
30-ips intermasters—saturation problems do not keep re- 
curring in generation after generation, azimuth alignment 
problems do not exist, an accident can be repaired with a 
minimum of damage, and the process of making duplicator 
masters becomes noncritical, at least on the playback part 
of the operation. In fact, it is very rare to see a playback 
head so worn that it would not reproduce a 30-ips tape 
perfectly. The most that may be required is to stone down 
the playback heads so as to avoid tape riding up on a step. 

At any rate, once again we can take a step in the chain 
and make it noncritical. The higher speeds permit higher 
level recording to minimize the increase in noise level and 
change in noise character that are intrinsic in the copying 
process from generaton to generation. 

Surprisingly enough, a good 7'%-ips original is not the 
worst of all evils. Depending on the program material, it 
may be a perfectly adequate master, and the only attendant 
difficulty is the extra care required in making the 15-ips 
duplicator master from it. The real problem seems to occur 


when trying to produce via a 7'4-ips second or third gen- 
eration. 


GENERAL DISCUSSION OF QUALITY AND 
QUALITY CONTROL 


Quality and quality control is a very sticky subject. If 
it were not for these quality problems, we at Dubbings 
would find life much more simple. 


The main quality problem that the tape duplicating and 
record pressing industries have in common seems to be fre- 
quency response, and in both these industries this particular 
problem is quite well in hand by now. Most of the other 
serious quality problems are somewhat exclusive to each 
industry. It is supposed that we in the tape industry should 
be grateful for not having to contend with many of the 
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problems which the record industry has had to cope with. 
And they did cope with their problems very successfully. 
They have struggled with nonfill, warpage or so-called 
“dishing,” with eccentric center holes (which they still have 
not successfully solved on many records still to be seen). 
They have struggled with cutterhead bounce, with over- 
modulated grooves which resulted in serious distortion, with 
worn stampers, with stripping of lacquers, and many other 
problems of which most of us are hardly aware. 

During this period, the record industry produced many 
poor records, but they did well in surmounting some of these 
seemingly impossible problems and succeeded to a greater 
extent than they themselves thought possible. 

We have fewer problems to cope with and they are in- 
trinsically easier to solve, but we do not have the margin 
of error permitted the record industry in the past. 


DROPOUTS 


One of the fairly common ailments plaguing tape duplica- 
tion is that of dropouts. The dropouts referred to are not 
tape dropouts but rather those caused by some form of poor 
head contact, partially on record and partially on the sub- 
sequent playback. There have been epidemics of dropouts 
on occasion, and we have traced them to batches of tape 
which would not record properly unless back tension was 
considerably increased. Generally, duplication is made with 
fairly low back tensions. When back tensions were in- 
creased, it was found that the dropouts, though considerably 
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reduced, were still present on playback, but the great ma- 
jority of these would disappear on repeated replaying of 
the tape. 


FLUTTER 


The last and certainly the worst problem is flutter. Flut- 
ter can be a major bugaboo in tape duplication. There is 
surprisingly little published about it, and much of what has 
been published so far has not been of practical help to us 
in determining permissible flutter magnitudes. 

It was found that rms flutter measurements using a meter 
reading were quite valueless. We therefore acquired a dis- 
criminator type of flutter bridge with good amplitude limit- 
ing on the input stage and with a bandwidth of + 200 cy 
on either side of 3 kc. This device, when used with a Brush 
pen recorder, proved to be highly accurate and valuable 
within the limitation of the recording pen. The pen we 
used was able to trace flutter frequencies up to about 60 cy. 

With this setup, it was possible to make instantaneous 
flutter amplitude vs time recordings and to analyze from 
these graphs the exact amplitudes of the various flutter fre- 
quencies we had to contend with. The findings were most 
interesting. For instance, extremely small amounts of 30- 
or 35-cy flutter, certainly no more than 0.1% rms, could be 
readily detected by a trained listener when listening to 
such instruments as a flute or an organ, whereas this same 
flutter frequency and amplitude did not affect a piano tone 
at all. 
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SUMMARY 

The demand for a source of artificial reverberation in sound trans- 
mission systems is commonly met by the use of reverberation rooms, 
but attempts have been made to fulfil the requirements by devices 
involving the transmission of the signal through a number of delay 
channels. The design and operation of such devices can be treated 
by simple theory, but in the present state of the art, the quality of 
artificial reverberation, like that of the natural product, cannot be 
completely assessed except by ear. 

The characteristics of artificial-reverberation apparatus employing 
delay channels with overall feedback are discussed and illustrated by 
the results of early experiments using acoustic-delay tubes. The 
acoustic-tube system, while simple in principle, involves in practice 
much instrumental complication and becomes uneconomic if good 
sound quality and long reverberation time are required. 

Artificial-reverberation apparatus employing a magnetic-recording 
delay system, which is free from the defects associated with the acoustic 
tube, is described. By means of an artifice involving the use of a 
double recording track, the effective number of delay paths is greatly 
increased and a high standard of performance is thus attained. This 
equipment has been in regular use by the B.B.C. for 24 years. 

Artificial-reverberation systems involving a finite number of delay 
paths tend to produce flutter effects when transmitting impulsive 
signals. Such effects can be mitigated by the use of a small auxiliary 
reverberation chamber. By temporarily transferring the signal to the 
ultrasonic-frequency region, the required effect can be conveniently 
obtained with a small water-filled reverberation tank. Details are 
given of equipment of this type which has been designed for use in 
conjunction with the magnetic recording system referred to. 


Part 1. THEORY AND EARLY DEVELOPMENT 


(1) INTRODUCTION 

Since the earliest days of broadcasting, there has been a demand 
for some means of supplementing the natural reverberation of the 
studios. Initially, the chief requirement was for exaggerated 
reverberation to be used for dramatic effects, and this was 
obtained from bare-walled reverberation rooms, commonly 
known as “echo rooms,” in which the sound from the studio 
was reproduced by a loudspeaker. Later, the technique was 
extended in a more refined form by using an acoustically treated 
auxiliary studio instead of a reverberation room; this device was 
employed to introduce a more natural effect in a few special 
cases where the amount of reverberation at the source of pro- 
gramme was abnormally low. In recent years, a similar require- 
ment has arisen in connection with television, since the acoustic 
environment in television studios is frequently very “‘dead,”’ so 
that for certain types of programme some method of increasing 
reverberation artificially is essential. 

As reverberation rooms are expensive and possess certain 
technical disadvantages, other methods of producing artificial 
reverberation have from time to time been proposed. In 1949 
various alternatives were considered by the B.B.C. Research 
Department, and a system using acoustic delay tubes with elec- 
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trical feedback, for which acceptable performance had been 
reported in the literature, was selected as the most promising 
for further study. A series of experiments was carried out which 
led to a better understanding of the potentialities and limitations 
of this system and artificial-reverberation systems in general; it 
became apparent that while relatively crude reverberation effects 
could be obtained from acoustic-delay tubes without great 
difficulty, the standard of performance then envisaged could be 
obtained, if at all, only by bulky and elaborate equipment. 
Concurrent developments in magnetic recording, however, 
offered an alternative form of delay element free from many of 
the difficulties associated with the acoustic system. It was 
therefore decided to continue the investigation with a magnetic- 
recording device as the delay element, and the project was 
carried to the point of designing an artificial-reverberation unit 
capable of satisfying many of the operational requirements of the 
service. The first of these units has been in regular operation in 
television transmissions since July, 1952, while others are now in 
limited use in sound broadcasting and in the Transcription 
Service. 

In the course of the early experiments it was found advan- 
tageous to supplement the delay system by a reverberation 
chamber having a relatively short reverberation time. As a 
result of later research this refinement has been provided by the 
more convenient method of temporarily transferring the greater 
part of the signal spectrum to ultrasonic frequencies and trans- 
mitting it as a pressure wave through water contained in a 
miniature reverberation tank. Equipment incorporating this 
device has been in experimental service since April, 1954, as 
an addition to one of the magnetic-recording units already 
referred to. 

In Part 1 of the paper, the principles common to all forms of 
artificial reverberation are discussed and the various known 
devices reviewed. The general theory of delay channels with 
feedback is given, together with data obtained by experiments 
with acoustic-delay systems, and the practical limitations of such 
systems are discussed. In Part 2 the theory is extended to deal 
with special effects obtainable with magnetic-recording channels, 
and a complete artificial-reverberation unit employing this form 
of delay is described. Part 3 deals with reverberation phe- 
nomena occurring in two- or three-dimensional models, and 
describes the development of the ultrasonic reverberation tank. 


(2) CHARACTERISTICS OF NATURAL REVERBERATION 

Before considering devices for imitating the effects of natural 
reverberation, it may be well to examine briefly the phenomena 
to be counterfeited and the criteria by which the result is to 
be judged. 

Any source of sound of varying intensity introduced into a 
room having reflecting walls gives rise to a number of charac- 
teristic acoustic effects which are collectively known as reverbera- 
tion. These effects may be grouped under one of two headings, 
according to whether the response of the room is to be considered 
as a function of time or of frequency. 
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(2.1) Response as Function of Time 


If a source of sound is suddenly started, the resulting sound 
pressure at any given point reaches its steady state in a series of 
steps, corresponding to the arrival, first of the direct and then 
of the reflected sound, the latter by a great number of paths of 
different length. Similarly, when the source of sound is suddenly 
stopped, the pressure at any point returns to zero in a discon- 
tinuous fashion. Because the number of paths by which sound 
can arrive at a given point is very large, the steps in the growth 
and decay of reverberant sound are numerous but individually 
small. The rise and fall in sound level therefore appear to the 
ear as a continuous process which, in the case of halls and broad- 
cast studios having good acoustics, approximates to an expo- 
nential law. In such rooms, even the discrete reflections of 
impulsive sounds, such as a handclap or pulse of tone, are not 
separately resolved by the ear. 


(2.2) Response as Function of Frequency 
At certain frequencies a sound wave reflected from one 
boundary of a room will arrive back at a given point, after 
reflection from the other boundaries, in such phase as to reinforce 
the original, and a state of resonance is thus produced. Every 
room has a series of such resonance frequencies, at which the 
level of the reverberant sound is relatively great. The higher- 


order modes of resonance occur at quite small intervals. The fre- 
quencies of the lower modes, however, may be sufficiently far 
apart to be separately identified by the ear; the results may be 
subjectively interpreted as an unpleasant timbre or “coloration” 
imparted to all sounds produced in the room. This effect is most 
common in small rooms and is an important factor in determining 
the “goodness” or otherwise of the acoustics. 


(3) PRINCIPLES OF ARTIFICIAL REVERBERATION 

Artificial reverberation is obtained by modifying the signal in 
a sound transmission system in a manner imitative of the natural 
processes described above. The resulting product is then com- 
bined with the unmodified signal (with due precautions against 
unwanted feedback) so as to give an illusion of reverberation 
occurring at the point of origin. The possible operations that 
may be carried out on the signal can be divided in principle into 
one of the following categories: 


(3.1) Artificial-Reverberation Systems involving Transmission in 
Two- or Three-Dimensional Space 


The signal is reproduced in a reverberation room or auxiliary 
studio containing a microphone so placed as to receive a high 
proportion of reverberant sound; the electrical output of the 
microphone constitutes the artificial reverberation. Variants on 
this principle include the substitution of media other than air in 
the reverberant space and the virtual reduction of this space 
from three dimensions to two by propagating the sound in a flat 
box containing a liquid or gaseous medium or in a thin layer of 
solid material; the use of such devices to supplement other forms 
of artificial reverberation is discussed in Part 3. 


(3.2) Artificial-Reverberation Systems involving Transmission in a 
Single Dimension 


The effect of multiple reflections in a reverberant room is 
imitated by dividing the incoming signal between a number of 
parallel channels designed to give different time delays. The 
attenuation in the individual channels is so adjusted that the 
delayed signals appearing at the output of the system progres- 
sively decrease in amplitude. Each signal may be regarded as 
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an artificial reflection,* and if the series is continued to the point 
at which further reflections would be inaudible, artificial rever- 
beration can be obtained. To avoid noticeable discontinuities 
in the growth and decay of sound, the reflections must be closely 
spaced in time. If each delay channel produced only one 
reflection, the number of channels would in many cases be incon- 
veniently large. The required end may, however, be achieved 
more economically by using relatively short delay times and 
making each signal traverse the delay system repeatedly; an 
infinite series of reflections can thus be produced. Where trans- 
mission can take place in both directions and the attenuation in 
the medium is sufficiently low, this result may be produced by 
back-and-forth reflection between the terminations; in other 
cases, feedback is used, the output signal being amplified and 
returned to the sending end at a level a little short of that required 
to produce sustained oscillation. 


(3.3) Criteria of Reverberation Quality 

The salient feature of natural reverberation is the gradual 
decay in the sound level after the source has been stopped; the 
rate of change of energy density in these circumstances, as 
expressed in the form of reverberation time, is thus the most 
important single criterion of room acoustics. A mere statement 
of reverberation time does not, however, give a complete picture 
of the acoustic properties of a room. The subjective quality of 
reverberant sound is influenced, in a manner which is as yet 
imperfectly understood, by the spacing of the resonance modes 
on the frequency scale or by the spacing of the times of arrival 
of reflected sound travelling by various paths, boti: quantities 
representing different aspects of the geometry of the room. The 
same considerations apply with even greater force to artificial- 
reverberation systems, which, while simulating broadly the 
effects of natural reverberation, do not reproduce the fine struc- 
ture of the process. It must be emphasized that, in the present 
state of the art, the quality of reverberant sound, whether natural 
or artificial, cannot be completely assessed except by ear. 


(4) EXISTING ARTIFICIAL-REVERBERATION SYSTEMS 

The principles outlined in the last Section are exemplified by 
a number of artificial-reverberation systems which have been 
described in the literature. 


(4.1) Reverberation Room 

The use of reverberation rooms is too well known to require 
detailed reference. It should be noted, however, that these 
rooms, although frequently intended to simulate the acoustic 
properties of large studios or halls, are for economic reasons 
made relatively small, the required reverberation time being 
achieved by the use of highly reflecting material for the walls. 
As already indicated, the quality of the reverberant sound is a 
function of the geometry of the enclosure, and in fact the rever- 
beration in a small space always has an unpleasant timbre. For 
this reason, reverberation rooms of practicable size are unsuitable 
for use in high-quality music transmissions. 

The reverberation time of a given room is fixed, and only the 
ratio of direct to reverberant sound can be readily controlled. 
Attempts have been made to overcome this defect by dividing 
the reverberation space into two or even three sections connected 
be remotely-operated doors,' but such expedients add greatly to 
the cost of an already expensive installation. 


(4.2) Mechanical Delay Line 
An artificial-reverberation device using mechanical delay lines 
was developed by Hammond for use with electronic organs,?.3 
and has also been used in film recording. 


* For want of a better word, the use of the term “reflection” has been extended ‘or 
the purpose of the paper to include the individual delayed signals which occur 19 
artificial-reverberation systems. 
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In this apparatus, the incoming signal is applied to a moving- 
coil driver unit which sets in vibration a number of wire helices. 
The reverberant output is obtained from a piezo-electric contact 
microphone attached to the vibrating system. The vibratory 
motion is propagated along the helices with relatively low. 
attenuation and reflected back and forth between the various 
points of discontinuity, giving rise to a series of additional signals 
at the microphone terminals. The reverberation time of the 
system is controlled by oil damping of the helices. The device, 
while possessing the merit of extreme compactness, is subject to 
certain limitations, to be discussed later, which are inherent in 
any system having only a small number of delay paths. 


(4.3) Acoustic Delay Line with Feedback 

The use of acoustic delay lines to give artificial reverberation 
has been dealt with by Olson‘ in a patent covering, in principle, 
the use of tubes of different length, each with a loudspeaker at 
one end and a microphone at the other, or a single tube having a 
series of microphones mounted on subsidiary tubes branching 
off at intervals. The delayed signals generated by the various 
microphones are combined at the output of the system to simulate 
the effect of a small group of reflections. By the application of 
overall feedback, the same group of reflections is repeated again 
and again with progressively decreasing amplitude to form an 
infinite series. 

In a practical embodiment of the above system, described by 
Curran,5 the delay paths were arranged to produce a reflection 
every 23millisec. Such a series of equally spaced reflections is, 
of course, an over-simplified substitute for natural reverberation, 
since it gives only the effect of a single pair of parallel walls. 
The system described was, however, claimed to give acceptable 
performance for certain applications in broadcasting. 


(4.4) Delay by Magnetic Recording System 

Goldsmith® and Wolf? have described an artificial-reverbera- 
tion system using a magnetic-tape recorder. The incoming 
signal was recorded on a continuous loop of tape having 13 
reproducing heads followed by an erasing head. The delayed 
signals generated by the passage of the recorded matter past the 
successive reproducing heads were combined at the output, thus 
imitating the effect of a finite series of reflections. The maximum 
delay provided was half a second, at the end of which time the 
series came to an end; this effect set a limit to the amount of 
artificial reverberation that could be used. 


(4.5) Delay by Magnetic Recording System with Feedback 

A reverberation device specified by Berth-Jones? in 1947 con- 
tained a magnetic recording system employing a single repro- 
ducing head with the addition of feedback, thus giving an infinite 
series of equally-spaced reflections. In a commercial device 
advertised in 1950 two reproducing heads were provided, but the 
combined output from both was fed to the input. Each refiec- 
tion, on being passed again round the loop produced two more 
of its kind, the total number being much larger than could be 
obtained by feedback from a single reproducing head. A 
similar system was later described® utilizing two similar magnetic 
recording machines running at different tape speeds. 

The application of feedback to parallel channels having dif- 
ferent delay times, while producing a relatively large number of 


reflections, leads to some undesirable effects, which are discussed 
in Sections 6.3 and 13. 


(4.6) Delay by Optical Recording on Moving Phosphor 
In an artificial-reverberation system described by Goldmark 
and Hendricks? the incoming signal was made to modulate a 
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light source and was optically recorded on the rim of a rotating 
phosphor-coated disc, a finite series of reflections being produced 
by a number of photocells arranged around the periphery of the 
disc. The same series of reflections was repeated with each 
revolution of the disc, the amplitude diminishing as the glow o 
the phosphor faded away, and by this means an infinite number 
of reflections was produced without recourse to feedback. The 
design appears to have been attended by considerable instru- 
mental complications. 


(5) EXPERIMENTS ON ACOUSTIC-DELAY SYSTEMS WITH 
FEEDBACK 

Of the devices reviewed in the last Section, those involving the 
use of a time-delay system with electrical feedback seem the most 
promising, if only because the reverberation time can be readily 
controlled by adjusting the attenuation in the feedback loop. 

At the time when the B.B.C. Research Department began to 
study such systems, the acoustic-transmission tube appeared to 
be the most convenient means of obtaining the necessary delay. 
Such a transmission system, while involving elaborate electrical 
equalization and other instrumental complications, should be 
capable of operating with little attention for long periods, and 
has no mechanical parts subject to wear. 

A series of experiments with acoustic delay tubes was therefore 
undertaken; a simple system giving equally spaced reflections was 
taken as a starting point, and progressively elaborated in the light 
of subjective tests. 

The instrumentation involved in this work is not of great 
interest for the present purpose, and will not be further con- 
sidered here. Of greater importance are the general theory 
underlying the experiments and the principles established there- 


from, since these apply also to the design of the equipment 
described in Part 2. 


(6) THEORY OF DELAY CHANNELS WITH FEEDBACK 
(6.1) Delay Channel with Single Outlet 

It will simplify the discussion if the action of a single delay 
channel with feedback is first considered in some detail. Sucha 
system is shown diagrammatically in Fig. 1(a); the delay channel 
is illustrated as a loudspeaker, acoustic-delay tube and micro- 
phone, together with such amplifiers and equalizers as are 
necessary to give zero gain over the working frequency band, but 
the ensuing di§cussion applies equally to a recording channel or 
to any other transmission medium having a constant time lag 
between input and output. For simplicity, it is assumed that 
any phase shift in the amplifiers, equalizers, loudspeaker and 
microphone is negligible compared with that occurring in the 
tube itself, and furthermore, that the feedback is positive in sign. 

Consider first the relationship between the reverberation time, 
delay time and attenuation in the feedback loop,'the last-named 
quantity representing the margin of safety of the system against 
self-oscillation. 

Let t be the time delay in seconds, and T the reverberation time, 
i.e. the time after which a signal passing repeatedly round the 
feedback loop falls by 60dB. In the course of time T, the signal 


must traverse the loop 7/t times, suffering each time an attenua- 
tion of A decibels, whence 


A = 601t/T decibels, or T = 601/A seconds. 

To simulate natural conditions it may be required to make the 
reverberation time vary with frequency, and to this end, the 
response of the feedback circuit may be made frequency- 
dependent by the insertion of an appropriate network. It 
should be noted that when A is small, as must be the case if the 
delay time required is to be kept to a minimum, slight changes 
in the response of the feedback loop cause large changes in 
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reverberation time. For example, with a 5Qmillisec delay, for 
which the path length in air would have to be about 55ft, and a 
reverberation time of 1 -Ssec, the feedback loop must be adjusted 
to have an attenuation of only 2dB. A variation of +1dB in 
the loop response will then cause the reverberation time to vary 
between 3 and I sec, while the system will oscillate if the response 
rises by 2dB at any of the frequencies (occurring at intervals of 
1/1, or 20c/s throughout the band) at which the loop phase shift 
is zero. It will be seen that there is little latitude for uninten- 
tional variations in the loop attenuation and that stringent 


requirements are imposed on the frequency response of the delay 
element. 
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Fig. 1.—Artificial-reverberation system using single delay channel with 
feedback. 
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(c) Response as a function of frequency. Tone input. 
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Consider next the response of the system as a function of time. 
Fig. 1(6) shows the output resulting from a transient signal, such 
as a burst of tone, entering the circuit at zero time. This output 
consists of a series of reflections of the original signal (the 
envelope amplitude only being shown), occurring at equal time 
intervals t, each reflection being attenuated by A decibels with 
respect to the previous one, so that the overall envelope represents 
an exponential decay. The response of the system superficially 
resembles that of a reverberant room but differs from it in two 
respects: 

(a) With the large values of t likely to occur in practical artificial- 
reverberation systems, the silent interval between individual reflec- 
tions may be perceptible to the ear, giving an impression of flutter. 

(b) The series of reflections can be regarded, apart from its 
exponential decay, as a repetitive phenomenon having fundamental 
frequency 1/f plus a series of harmonics. Thus, even when f¢ is 
too short for flutter effects to be recognized, the system may still 
be — of giving the subjective impression of an assignable 
pitch. 

It will be seen, in fact, that the circuit of Fig. 1(a) reproduces 
all the phenomena associated with reflections between two 
parallel walls. 

Consider finally the overall frequency characteristic of the 
system. The response passes through a series of maxima, as 
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shown in Fig. 1(c). Each peak represents a condition in which 
the signal fed back from the output of the delay channel is in 
phase with, and thus reinforces, the incoming signal, a state of 
affairs which can readily be shown to occur at frequency intervals 
of 1/t. Here again, the response of the system has a superficial 
resemblance to that of a reverberant room, with its series of 
resonance modes; in the neighbourhood of each “mode” in 
Fig. 1(c) the circuit, in fact, exhibits the characteristic resonance 
phenomena, such as beats between free and forced oscillations 
on the sudden application of a signal having a frequency slightly 
different from the frequency of maximum response. In an 
artificial-reverberation system, however, the value of ¢ is likely 
to be such as to place the modes much further apart in frequency 
than those of a reverberant room. The reinforcement of indi- 
dividual components of a complex waveform, such as that of 
speech or music, may then be noticeable to the ear, the effect 
being known as “coloration”; the situation is aggravated by 
the fact that the peaks in Fig. 1(c) form a harmonic series. 

The time and frequency response described in the last two 
paragraphs are not, of course, independent, but are alternative 
aspects of the same* performance. The close relationship 
between the two can be illustrated if the incoming pulse of 
Fig. 1(6) is considered to be applied to a circuit having the 
frequency response of Fig. 1(c); the resulting impression of pitch 
could then be attributed to the shock excitation of the series of 
harmonically related resonance modes. 

For more complicated systems involving several parallel paths 
giving different delay times, the relationship between the time 
and frequency response is of a more complex character. More- 
over, the ear recognizes in all cases a fairly clear distinction 
between time phenomena of the flutter class and frequency 
phenomena involving the imposition of a characteristic timbre or 
coloration—of which Figs. 1(b) and 1(c) illustrate the simplest 
form. It is therefore convenient to examine the performance of 
artificial-reverberation systems directly from either or both points 
of view. 


(6 2) Delay Channel with more than One Outlet: Feedback over 
Single Path 

To increase the number of reflections, the incoming signal may 
be made to follow a number of parallel paths of different lengths. 
The same effect may, however, be achieved with greater economy 
by a single delay channel having outlets at a number-of points 
along its length. Fig. 2 shows how the simple system of Fig. 1 
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Fig. 2.—Artificial-reverberation system using single delay channel with 


more than one outlet. Feedback over single path. 


can be elaborated in this way by employing four microphones 
m,, M2, m, and M, spaced along an acoustic delay tube. It 
should be noted that the feedback is taken from the last micro- 
phone M only; signals from the intermediate microphones m,, mz 


* To give a complete description of the system, Fig. 1(c) would need to be supple- 
mented by a phase/frequency curve, 
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and m;, while contributing to the output of the system, do not 
circulate in the feedback loop. 

If the four microphones were equally spaced along the 
tube, the system of Fig. 2 would produce a series of reflec- 
tions at equal time intervals #/4. As has already been pointed 
out, however, a series of equally spaced reflections may pro- 
duce unwanted effects, and it is therefore desirable that the 
microphones should be placed at irregular intervals along the 
tube. The effect of this artifice will be seen from Fig. 3(a), 
which shows the amplitude and spacing of the reflections pro- 
duced by the system of Fig. 2; here the amplitude is plotted 
on a logarithmic scale, so that an exponential-decay envelope 
would appear as a straight line, and the individual reflections 
appearing in the output of the system are marked according to 
the microphone by which they are picked up. It will be seen 
that the irregular spacing of the microphones does not entirely 
remove the periodic element from the series, for the time pattern 
of the group of reflections generated by these microphones is 
repeated at each passage of the signal round the feedback loop. 
The subjective effect of this recurrent pattern will be referred to as 
“group repetition flutter.” 

Successive signals from microphone M, being attenuated by a 
constant fraction at each passage round the feedback loop, de- 
crease exponentially in amplitude. The signals from m,, m, and 
m,, however, have to be adjusted in amplitude, by regulation of 
the individual attenuators shown, to produce the smooth decay 
envelope of Fig. 3(a); if this is not done and conditions as shown 
in Fig. 3(b) obtain, the artificial reverberation becomes amplitude- 
modulated at the group repetition frequency 1/t, and the corre- 
sponding flutter effect is considerably aggravated. For the same 
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Fig. 3.—Amplitude and spacing of reflections produced by a single 


pulse applied to the artificial-reverberation system of Fig. 2 with 
bah — and (5) incorrect adjustment of the individual reflection 


reason, any change in the reverberation time requires a readjust- 
ment of the gain controls associated with m,, mz and m,, and 
if the system is designed to have a reverberation time varying 
with frequency the attenuation in the individual microphone 
Circuits will have to be made to vary appropriately with frequency 
if the exponential-decay envelope is to be preserved. 

The steady-state response of the multi-path system of Fig. 2, 
like that of the simple system of Fig. 1, passes through a series 
of maxima at frequency intervals 1/1. Additional maxima, 
however, appear at frequencies at which the outputs of two or 
more microphones are in phase and thus reinforce the signal. 
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If the microphones are irregularly spaced, these frequencies of 
reinforcement are irregularly spaced also; moreover, the peaks 
in the frequency response curve differ in height, according to the 
number of microphone outputs in phase. The multi-path 
system, with its irregularly spaced “‘modes,” thus gives a better 
approximation to the response of a reverberant room. There 
remains, however, the possibility that one of these modes may 
be so far separated in frequency or amplitude from its neighbours 
as to lead to a conspicuous coloration. Such effects cannot be 
entirely avoided, but can be minimized by appropriate spacing 
of the microphones. The determination of the best condition 
involves a detailed study of the relationship between the spacing 
and the wavelength of the signal in the delay medium and will 
not be considered here; the problem is fully discussed in Part 2 
in relation to the spacing of pick-up heads in the magnetic 
recording system. 


(6.3) Delay Channel with more than One Outlet: Feedback 
Over Parallel Paths 


In the circuit of Fig. 2, the number of reflections produced 
would clearly have been increased if, in addition to the output 
from M, the outputs from m,, m, and m, had been fed back to 
the input. However, such an arrangement is in general im- 
practicable, since it involves the application of feedback to a 
circuit which consists of several parallel paths of different lengths 
and which must therefore have already an irregular frequency 
characteristic. The points of maximum response of the feedback 
loop will occur at those few frequencies at which all the micro- 
phone outputs are in phase, and when feedback is applied, 
reverberation will be practically confined to the vicinity of these 
points. 

A border-line case arises with a circuit such as that of Fig. 4, 
in which the number of parallel paths in the feedback loop is 
only two. Here, the loop response reaches a fixed maximum 
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Fig. 4.—Artificial-reverberation system with feedback over two 
parallel paths. 


value—the sum of the responses of the two microphones M, and 
M,—at a series of frequencies extending throughout the working 
band and having a constant separation 1/7, where 7 is the dif- 
ference in time delay between the two. At each of these fre- 
quencies the reverberation time obtained by applying feedback 
will be the same, and the system, while subject to the disadvantage 
of having regularly spaced modes, is therefore workable. 

It may be of interest to examine the response of the circuit in 
Fig. 4 as a function of time; it is assumed that both M,; and M2 
are connected to give positive feedback. A single short tone 
pulse, arriving in succession at M, and M>, produces two pulses 
separated by a time interval7. These, on retraversing the delay 
medium, produce successively a pulse from M, alone, a pulse 
from M, and Mz; acting simultaneously, and a pulse from M2 
alone; the second of these pulses, being the sum of two others, 
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has the largest amplitude. Continuation of the process produces 
a complicated effect which is best illustrated by an example. 
Fig. 5(a) shows the decay process following the arrival, at zero 
time, of a single tone pulse; as in Figs. 1 and 3, only the envelope 
amplitude is shown. For the purpose of this example, it is 
assumed that the attenuations in the feedback loop, when the 
output is taken from M, or M; alone, are 8dB and 11 dB respec- 
tively, whence it can readily be shown that the margin of safety 
against self-oscillation is 3-3dB. It will be seen that the decay 
envelope shows a high degree of amplitude modulation; this may 
be expected to appear as a flutter effect and is a further dis- 
advantage of the arrangement. For comparison, Fig. 5(5) shows 
the series of reflections which would be obtained using the same 
delay tube and microphones and with the same safety margin, 
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From the foregoing it may be concluded that feedback over 
even two different paths produces undesirable effects, and a 
single feedback path is therefore to be preferred. 


(7) EXPERIMENTAL RESULTS 
It is not proposed to describe in detail the delay-tube experi- 
ments already referred to. The main steps in the investigation 


and the conclusions reached are summarized in the following 
Sections. 


(7.1) Simple System giving Equally Spaced Reflections 
The subjective effect produced by the simplest types of artificial- 
reverberation system, giving regularly recurring reflections, was 
investigated. When the interval between reflections exceeded 
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Fig. 5.—Amplitude and spacing of reflections produced by a single pulse applied to 


(a) Circuit of Fig. 4. 


but with feedback taken from Mz; alone, the output of M, being 
connected in a similar way to that of m,, m2, and m;, in Fig. 2 
and adjusted to fit the exponential-decay envelope. It should 
be noted that the wide gaps between the reflections in Fig. 5(b) 
could be filled, as in Fig. 2, by the addition of further microphones 
not included in the feedback loop, but that the same expedient 
applied to the circuit of Fig. 4 could not produce a smooth decay. 
No precise value of reverberation time can be assigned to 
Fig. 5(a), but even if the largest reflections only are counted it is 
clear that the rate of decay is much greater than in Fig. 5(). 


(6) Circuit modified by taking feedback from M2 alone. 


some 25millisec, the subjective result could be described as a 
flutter echo. As the interval was reduced, there appeared in 
addition an effect referred to by observers as a “honk” or 
“twang,” giving an impression of definite pitch and imparting a 
characteristic coloration to the signal. At 10millisec spacing, 
the flutter effect was negligible and the coloration effect was 
predominant. Of the two phenomena, the flutter was con- 


sidered slightly less objectionable, but the amount of artificial 
reverberation that could be added to the original signal without 
one or other of these defects becoming evident was very small. 
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(7.2) Combination of Three Simple Systems 


To simulate more closely the conditions obtaining in a rever- 
berant room, three independent artificial-reverberation circuits, 
each similar to that of Fig. 1, were combined, thus imitating the 
natural reflections which occur between opposing pairs of side 
walls and between floor and ceiling. Such a combined system 
has three series of resonance modes, which correspond to the 
axial* modes of a room having dimensions equal to half the 
lengths of the three delay tubes used. The remaining modes of 
the room, involving transmission of sound along oblique paths 
between adjacent walls, are not, of course, reproduced by this 
method, but it was hoped that a satisfactory approximation to 
natural reverberation might be achieved without them. In fact, 
this hope was not realized; the flutter and coloration effects 
associated with the individual systems were still evident to the 
ear. This result is of some interest as a sidelight on the theory of 
room acoustics, since it suggests that the axial modes alone are an 
inadequate criterion of performance; the point is further discussed 
in Part 3. 

From the foregoing it was concluded that satisfactory artificial- 
reverberation effects could not be obtained by a system giving 
equally spaced reflections. 


(7.3) Multi-Path Systems 


A series of experiments was next carried out on multi-path 
systems similar to that of Fig. 2 in order to determine the 
minimum overall time delay ft and the maximum interval between 
reflections which would give tolerable reverberation quality. 

For a given reverberation time, ¢ is proportional to the loop 
attenuation A. The latter quantity is governed in turn by the 
gain stability of the feedback loop and the smoothness-or other- 
wise of its frequency characteristic; in a practical acoustic-delay 
system, its minimum value may be 3-4dE. Apart from these 
considerations, however, a large value of f is desirable on account 
of the group repetition flutter, which was found to become 
progressively less objectionable as the frequency 1/t was lowered. 

The upper limit to the mean interval between successive 
reflections appeared to be in the neighbourhood of 30millisec, 
and at least four microphones had to be employed to allow the 
necessary degree of irregularity in their spacing. 

The following data, relating to two of the experimental- 


systems employed, serve as an example of practical operating 
conditions: 


System A 
Overall delay time .. millisec 
Frequency of group repetition flutter 20c/s 
Number of delay paths... 
Mean interval between reflections. . 124 millisec 
Frequency range 50-7 000c/s 
Reverberation time at 100c¢/s lsec 
Reverberation time at 4 000c/s 4sec 
System B 
Overall delay time .. 135 millisec 
Frequency of group repetition flutter Tes 
Number of delay paths .. 5 
Mean interval between reflections... 27 millisec 
Frequency range 50-4 000c/s 
Reverberation time at 100c/s sec 
Reverberation time at 4 000c/s lsec 


System A roughly simulates the acoustics of a small broad- 
casting studio, but has too short a reverberation time to be of 
much use for musical programmes. 

In system B the increased delay time is accompanied, for 
reasons given later, by a reduction in bandwidth. Flutter effects 


8 be ey ay eee i are those involving transmission of sound in directions 
normal to the boundary surfaces. 
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were still noticeable at high levels of reverberation, particularly 
with impulsive signals. The quality was nevertheless considered 
sufficiently good for use with certain types of music. 


(7.4) Variation of Reverberation Time and Amount of Reverbera- 
tion with Frequency 


In all cases a more natural effect was obtained by making both 
the reverberation time and the amount of reverberation fall with 
rising frequency. These measures may be regarded as simulating 
the natural increase with frequency of the absorption in rooms 
and of the directivity of sound sources; however, they served also 
to mitigate the defects of the artificial reverberation. 


(7.5) Use of Auxiliary Reverberation Chamber 


Flutter effects in the artificial-reverberation systems described 
were appreciably reduced by transmitting the incoming (or out- 
going) signal through a loudspeaker and microphone placed in a 
small reverberation chamber; the reverberation in this chamber 
served to fill the intervals between reflections and did not there- 
fore require to be very long. The improvement was, however, 
obtained at the cost of introducing the unpleasant coloration 
which is a characteristic of small rooms, and for this reason the 
use of an auxiliary reverberation chamber did not become a 


practical proposition until the development of the ultrasonic 
tank described in Part 3. 


(8) FURTHER DEVELOPMENT 

The reverberation time so far attained was still insufficient for 
many purposes, and a further increase in delay time was therefore 
desired. Unfortunately the delay time which can be achieved by 
an acoustic tube is severely limited by the heavy attenuation 
suffered by the transmitted sound. For lengths up to 100ft, 
giving delay times of about 90millisec in air, tubes of lin bore 
may be employed to transmit frequencies up to about 7 000c/s. 
For greater lengths it may be necessary to reduce the attenuation 
by increasing the bore and to tolerate some limitation of the 
upper frequency range through transverse resonance effects. 
While a certain deficiency at high frequencies is a common 
feature of natural reverberation, and may therefore be tolerated 
in the artificial product, an increase in tube diameter involves a 
serious increase in the space taken up by the equipment. An 
example of this is the experimental system B, in which a tube of 
14in bore was used to transmit frequencies up to 4000c/s. The 
tube had an overall length of 165ft, of which the last 14ft was 
filled with sound-absorbent material to minimize reflection; when 
mounted in the form of a coil it occupied some 70ft?. To obtain 
a greater delay time without further reduction in bandwidth, two 
or more complete channels could be connected in cascade, but 
apart from the cost of the extra loudspeakers, microphones, 
equalizers and amplifiers, the equipment would then require for 
its accommodation a room comparable in size with the reverbera- 
tion chamber which it was intended to replace. 

It was clear, therefore, that any further development would 
require the use of a more compact delay medium, and the possi- 
bilities of magnetic recording were reconsidered. This form of 
delay had hitherto been open to some practical objections on 
account of the wear on the tape and heads, which set a limit to 
the length of time that the equipment could be operated without 
maintenance. Fortunately, later developments in magnetic 
recording had made it possible at this stage to construct a delay 
channel with the heads working out of contact with the magnetic 
medium. It was therefore decided to construct a magnetic- 
recording machine for producing artificial reverberation. The 


construction and operation of this machine are described in 
Part 2. 
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Part 2. THE MAGNETIC-RECORDING ARTIFICIAL- 
REVERBERATION MACHINE 
(9) INTRODUCTION 
A description will be given in this Part of the paper of an 
artificial-reverberation apparatus which employs a magnetic- 
recording delay system. Fig. 6 is an external view of the delay 
unit in which the programme signals are recorded on the inside 
rim of a basin-shaped wheel, which is coated with magnetic 


Fig. 6.—Magnetic-recording delay unit of artificial-reverberation 
equipment. 


material, and are reproduced at subsequent intervals by a series 
of reproducing heads spaced round the rim. With suitable 
spacing of the reproducing heads, and by suitable attenuation of 
the signals reproduced from them, it has been possible to achieve 
a satisfactory simulation of the decay of sound in a reverberant 
enclosure. The general principle by means of which the same 
sound is made to traverse the delay chain repeatedly, until its 
reproduced intensity reaches noise level, has been explained in 
Part1. For reasons of space, flexibility and economy, a similar 
feedback system is used in the magnetic-delay unit, and every 
signal appearing in the last reproducing head is fed back into the 
recording chain for re-recording on the wheel rim. The basic 
delay in the magnetic system can, without inconvenience, be 
made greater than in the acoustic-tube system, and in the appa- 
ratus to be described it is some 250millisec, ie. the group 
repetition rate is about four per second. 

The rate of decay and the shape of the decay pattern associated 
with each signal fed into the apparatus depend on the relative 
attenuation of the outputs from the successive reproducing 
heads and on the level at which the signal is re-recorded 
from the feedback chain. It is possible to obtain a series of 
reverberation times by suitable choice of these factors, the upper 
limit being determined by the inherent liability of the feedback 
system to go into oscillation. 
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(10) THE MULTI-TRACK SYSTEM 

It is desirable that the number of artificial reflections generated 
in a given time should be as high as possible, otherwise when the 
apparatus is fed with an impulsive sound its output acquires an 
unpleasant “chopped” character owing to amplitude flutter. A 
difficulty arises here with the finite dimensions of reproducing 
heads, which set a limit to the minimum spacing possible between 
the reproducing gaps of adjacent heads. The time interval 
provided by this spacing may, of course, be made shorter by 
increasing the speed at which the recording medium Passes the 
heads. However, this cannot be carried too far without serious 
inconvenience, for each such increase of speed entails a reduction 
of the overall delay available. Consequently the level of signal 
which must be fed back to the input of the system from the feed- 
back head becomes higher, and, as shown in Part 1, this imposes 
increasingly stringent tolerances on the accuracy to which the 
system must be equalized if self-oscillation, or coloration, is to 
be avoided. A compromise must therefore be made between 
the factors of head spacing, recording speed and feedback level. 

A reasonably numerous and complex occurrence of reflections, 
with acceptable values of feedback level and recording speed, 
has been obtained by the use of a multi-track recording system.'° 
This can simulate the effect of a multitude of reproducing heads 
whilst requiring the physical presence of only a fraction of that 
number of heads. Fig. 7 illustrates the basic means by which the 
effect of many reproducing heads may be obtained. A simul- 
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Fig. 7.—Multi-track recording and reproduction. 
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taneous multi-track recording of two or more tracks is made in 
the magnetic medium, the various recording heads being displaced 
longitudinally with respect to one another so that at some 
subsequent reproducing head, which spans all the tracks and 
reproduces them simultaneously, there is a time interval between 
the reproduction of corresponding parts of the programme on 
each track. Suppose that A, B and C are three recording heads 
which are recording the same programme on magnetic tracks, 
a, b and c, whilst S, T, U, V, etc., are reproducing heads which 
can reproduce the recorded signals from the three tracks simul- 
taneously. The longitudinal displacement of the tracks a, b and 
c, when reproduced by head S, introduces differing time lags in 
the reproduction of any given signal fed to the apparatus, the 
recorded signal of c being reproduced first and that of a last. 
If the tracks c, 6 and a are recorded at a progressively lower 
level, the output of the head S is identical to that which would be 
obtained using a single track (with one recording head) repro- 
duced by three displaced reproducing heads, the outputs of which 
are progressively attenuated. When more than one reproducing 
head is introduced into the system the advantages of this multi- 
track method become evident. Three recording heads (A, B and 
C), two reproducing heads (S and T) and three tracks will 
produce six separated responses for the use of five heads. A 
single-track recording would require seven heads to attain the 
same result. Similarly, three recording heads (A, B and C), 
three reproducing heads (S, T and U) and three tracks will 
produce nine responses separated in time, a result which the 
single-track recording would require ten heads to accomplish. 
The more reproducing heads which are employed in the system, 
the greater is the relative number of responses obtained by multi- 
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track recording. Increasing the effective number of reproducing 
heads in this manner, and using suitable feedback arrangements, 
enables a reverberation pattern to be produced which meets most 
normal requirements except those involving impulsive sounds 
such as pistol shots. 


(11) THE DELAY UNIT 
The mechanical arrangement of the recording and reproducing 
unit which provides the delayed reflections is shown in Fig. 8. 
In the present apparatus the decay pattern is provided by the use 
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Fig. 8.—Mechanical arrangement of magnetic-recording delay unit. 


of two recording heads (and tracks) and eight reproducing heads. 
The magnetic coating is sprayed, in the form of an endless track 
din wide, on the inner edge of the basin-shaped rotating member. 
This basin, which has an inner diameter of 94in, is supported 
and enclosed in a bearing unit and is rim-driven by the driving 
wheel D which is fixed on the shaft of a synchronous motor (not 
shown). The basin is rotated at about 3r.p.s. and the magnetic 
medium is thus travelling at a speed of approximately 100in/sec. 
The various erasing, recording and reproducing heads are hung 
from a plate into the well of the basin so that their gaps face 
outwards on to the magnetic medium. With this arrangement 
the whole system can be well screened magnetically, and it can 
also be made fairly dustproof. To avoid wear, and the necessity 
of frequent renewal of the magnetic track, the various heads 
work out of contact with the medium, and are separated by 
approximately 0-001in from it. This separation must be main- 
tained fairly accurately in the normal range of temperature 
variation. Accordingly, the basin-shaped rotating member and 
its enclosure (which supports-the heads) are made of the same 
non-ferrous alloy, so that the radial movements of the track and 
heads, when the structure expands or contracts, are for practical 
purposes identical. 

R, and R, are the two half-track recording heads which record 
the programme on the upper and lower halves of the magnetic 
track respectively, whilst H, I... N, are reproducing heads of 
conventional design which reproduce the signals from both 
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tracks simultaneously. The output from the reproducing heads 
is suitably attenuated, as described previously, and the relative 
displacement of the recording heads, R,; and R>, doubles the 
number of reproduced reflections in the time interval of 
250millisec in which any part of the recorded track passes from 
R, to the last reproducing head. 

The head O provides feedback, through suitable amplifiers, to 
both of the half-track recording heads, but it is made to repro- 
duce, and provide feedback from, one track only. Taking feed- 
back from both tracks through a common head would introduce 
another source of amplitude flutter into the output of the 
apparatus. This is an instance of flutter arising when feedback 
is taken over two parallel paths, which was discussed in general 
terms in Part 1. The mechanism of the effect in the present 
apparatus is described in more detail in Section 13. 

The head E is an erasing head which removes the signal from 
the medium, leaving it neutral and ready for a new signal to be 
recorded by the heads R,; and R;. All the heads are suitably 
screened in Mumetal boxes in order to avoid hum and crosstalk, 
and the outside of the basin is screened by a Mumetal ring S 
(except where it is in contact with the driving wheel D) to reduce 
pick-up from motor-drive and power units. 


(12) ELECTRONIC EQUIPMENT 
(12.1) General Scheme 


A block schematic of the arrangement of the electronic equip- 
ment necessary to enable the delay unit to fulfil the functions 
previously described is given in Fig. 9. The programme, which 
may come direct from the microphone chain or from an existing 
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Fig. 9.—Simplified block schematic of artificial-reverberation 
equipment. 


recording, passes into a control unit from whence it proceeds in 
two parallel paths, one straight through to the transmitter or 
other terminating equipment, and the second to the artificial- 
reverberation side chain. From the mixer equalizer, which is the 
first unit in the side chain, the programme passes to the recording 
amplifier with which is associated the normal high-frequency 
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oscillator to supply bias current. The same oscillator also 
supplies the erase head with the required erasing current. The 
recording-amplifier output passes into the half-track recording 
heads, and the programme is then recorded on the two magnetic 
tracks. The outputs of all eight reproducing heads are fed into 
a reproducing-head mixer which attenuates the separate outputs 
in the desired manner to reproduce a suitable decay curve. 
After suitable amplification in the reproducing amplifier, the 
output of the reproducing-head mixer passes once more into the 
control unit to join the original programme line for feeding to the 
transmitter or other terminating equipment. The final head in 
the reproducing chain (the feedback head) also feeds, through 
another reproducing amplifier, into the mixer equalizer so that 
it is recorded again at suitable level to continue the decay curve 
in the manner previously described. 


(12.2) Amplifiers 
The recording amplifier is a conventional two-stage amplifier 
which uses current feedback to maintain a constant-current/fre- 
quency characteristic in the recording heads. 
The two reproducing amplifiers employed in the apparatus are 
identical and follow conventional magnetic-recording practice. 
Special precautions have been taken against hum and microphony. 


(12.3) The Oscillator 


The oscillator, which supplies both bias and erase currents, is 
of the Wien-bridge type and feeds two pairs of valves in push-pull, 
one pair being associated with the recording heads and the other 
with the erase heads. High levels are required in the bias and 
erase signals, and attention has been paid to the reduction of 
even-harmonic distortion in order to obtain a satisfactory noise 
level. Final reduction of noise due to imperfect oscillator wave- 
form is carried out using a small rectified current fed to the 
recording and erase heads in the manner suggested by Stott.!! 


(12.4) Reproducing-Head Mixer Unit 

It has been explained, in general terms, that the reverberation 
time can be controlled by suitable attenuation of the individual 
outputs from each successive reproducing head and from the 
final feedback head. In laboratory equipment, suitable voltage 
dividers may be provided to enable the attenuation introduced 
in each output to be continuously variable so that any required 
rate or shape of decay may be obtained. With equipment for 
operational purposes, however, the careful setting-up which 
would be required becomes impracticable, and the potentiometers 
are replaced by a wafer switch containing banks of fixed resistors. 
The wafer switch installed in the present apparatus has ten 
separate positions, and attenuating resistors are fitted so as to 
provide nine preset reverberation times. The function of the 
tenth position is described in Section 12.6. The attenuating 
resistors must be carefully adjusted so that in each case the 
fall in the amplitude of the signal reproduced from successive 
heads follows a smooth exponential curve of the type shown in 
Fig. 3(a). Faulty adjustment of these resistors will lead to 
flutter effects as illustrated in Fig. 3(6). The reverberation times 
available range from 0-6 to Ssec. 


(12.5) The Control Unit 


When conventional echo-mixing facilities are available, the 
apparatus may be fitted into a normal studio control system in 
precisely the same way as a reverberation room. The control 
unit is employed with the artificial reverberation machine when 
such facilities are not available. To obtain the maximum 
signal/noise ratio, the mixing of the direct and reverberant signals 
is carried out at the output of the machine, and by the use of 
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suitable attenuators (and/or faders) the ratio of direct to rever- 
berant sound may be varied over wide limits, in conjunction with 
the available reverberation times on the machine itself, to 
provide the desired subjective effect. Therefore, although the 
artificial-reverberation machine may be employed directly in 
place of .a reverberation room in studio control equipment, it 
can, in addition, provide a variable reverberation time which a 
normal reverberation room does not. 


(12.6) Monitoring of Individual Head Outputs 


The use of a wafer switch to provide nine predetermined 
reverberation times has been described earlier. The tenth 
position on this switch, in conjunction with a second rotary 
switch adjacent to the delay unit, enables the output of any 
individual head to be monitored separately. In this tenth 
position of the switch the attenuating resistors in the output 
circuits of the various heads are short-circuited and the individual 
outputs become equal. The second switch within the apparatus 
then enables any one particular head to be monitored. This 
facility is useful in the setting-up and checking of the machine 
and also enables straightforward “echo,” as opposed to “rever- 
beration,” effects to be obtained from the machine. The eight 
reproducing heads provide eight set delay times, up to a maximum 
of about 250 millisec. The studio control facilities, or the control 
unit with which the apparatus is used, enable the ratio of direct 
sound to echo intensity to be set up as required. 


(13) THE OCCURRENCE OF AMPLITUDE FLUTTER 

The amplitude flutter which can occur owing to the finite 
spacing between reproducing heads has been briefly mentioned 
in describing the multi-track recording system. A very sharp 
impulse of sound, occurring with little or no background of other 
sound, appears in the output of the apparatus with some of the 
qualities of reverberation but with a “chopped” quality which 
lacks naturalness. This occurs when there is a period of actual 
silence between the signals reproduced by successive reproducing 
heads. In a continuous type of sound, or when an impulse is 
heard against a fairly high-level background of other continuous 
sounds, the effect may not be apparent at all because the actual 
amplitude changes involved are of much lower order. The 
effect also becomes less unpleasant as the length of the impulse 
is increased, and when this length becomes larger than the 
maximum spacing between two consecutive heads, the flutter 
‘disappears. This is because the sound fills in the maximum 
time interval between any two consecutive responses and there 
is no break in the output from the apparatus. For the same 
reason the flutter disappears when dealing with sounds whose 
frequency spectrum lies below a critical frequency which has a 
wavelength in the recording medium equal to the maximum 
spacing between two consecutive heads. Not unexpectedly, in 
view of the last result, subjective experiments also reveal that the 
flutter is reduced if the impulse has a gently sloping build-up 
and decay. 

The mean spacing of the reproducing heads, in conjunction 
with the multi-track system, is thus the critical factor in avoiding 
the more obvious subjective effects of this amplitude flutter. In 
the present delay unit the mean reproducing-head spacing repre- 
sents a time delay of about 30millisec, so that in the two-track 
system a short recorded impulse will be reproduced at mean 
intervals of about 15millisec. In practice it has been found 
that the earlier reproducing heads, such as H, I and J, which are 
producing the highest level of output, should be closer together 
than the mean spacing. If they are too widely spaced the flutter 


associated with the disappearance of the signal is both of large 


amplitude and low frequency and becomes very noticeable. This 
restriction is less important in the later heads which are repro- 
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ducing at lower level. It is of some interest that the first traversal 
of the delay chain, although it occupies only a total of 250 millisec, 
is so critical in this matter. 

The effect on impulsive sounds is also less obvious if the sound 
is originating from an enclosure which possesses some reverbera- 
tion of its own, when the sharp edges of the pulse tend to 
be blurred before reaching the artificial-reverberation machine, 
and the periods of silence between the outputs from successive 
heads tend to get filled up. This is in conformity with the 
observations that the “chopped” effect is less noticeable when the 
impulse is rounded off or is heard against a continuous back- 
ground of sound. It may also be demonstrated, as indicated in 
Part 1, by first feeding the impulsive sounds originating in a 
“dead” enclosure into a small studio of comparatively short 
reverberation time, which provides partial diffusion, before pass- 
ing them to the reverberation machine to obtain the much longer 
reverberation times of which it is capable. 

Amplitude flutter will also arise from any arrangement of 
the feedback system which corresponds to feedback over parallel 
paths of different length. It may arise, for example, if the 
head O feeds back the signal from both tracks, and in this case 
the two parallel paths are from the recording head R, to the 
feedback head and from the recording head R, to the feedback 
head. Ifa sharp impulse of sound is fed into the apparatus it is 
recorded on each track, and the subsequent feedback results in 
four more impulses. It may be shown, as in Section 6.3, that the 
two middle impulses of this set are directly opposite to one another 
on the magnetic tracks, so that they will add, when reproduced, 
to give double the intensity of the impulses on either side. The 
effect is cumulative, so that when these impulses are fed back 
for the second and subsequent times an increasing series of 
evenly-spaced impulses, the amplitude of which rises and falls, is 
produced and there is introduced a noticeable amount of ampli- 
tude flutter. This is eliminated if the feedback head O reproduces 
from one track only, although its output may be fed back into 
both recording heads. In this connection it is interesting to 
observe that at recording speeds of the present order, which 
result in very long wavelengths, the spread of flux from the 
upper half-track is still sufficient to induce a noticeable signal 
into the half-track feedback head O facing the lower track. A 
Mumetal strip must then be placed immediately above the single- 
track feedback head to divert the unwanted flux from the upper 
track into a path away from the feedback-head core. 


(14) THE OCCURRENCE OF FREQUENCY COLORATION 


(14.1) Reproducing-Head Spacing and Coloration 


The reproducing-head spacing is, as shown, partly determined 
by the requirement that flutter in the apparatus shall not reach 
objectionable proportions. However, the relative spacing can 
also have a marked influence on the occurrence of frequency 
colorations. The distance between any pair of heads must 
correspond to some recorded wavelength and to a multiple of 
the harmonically-related shorter wavelengths. When the fre- 
quency corresponding to any of these wavelengths is being fed 
into the apparatus the two heads concerned will be reproducing 


exactly in phase, thus giving a maximum combined amplitude’ 


which depends on the relative attenuations in their output circuits, 
i.e. on the reverberation time chosen. Minima in the response 
will exist, also, when the distance between any pair of heads is 
an odd multiple of a half-wavelength of the frequency being 
recorded. In fact, when any frequency is fed into the apparatus 
the resultant output at some instant later can be represented by 
the vector sum of a set of vectors, each of which represents in 
phase and magnitude the output of one reproducing head. The 
magnitude of each vector, with respect to the other vectors in 
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the set, will depend on the reverberation time chosen and the 
position of the head along the delay chain. The phase of each 
vector will depend both on the position of the head and the 
recorded wavelength. A very large number of randomly-spaced 
heads would provide a set of vectors whose sum varied little with 
wavelength for any given setting of reverberation time, i.e. the 
frequency characteristic of the apparatus would be flat as regards 
these considerations. The greater the number of reproducing 
heads in the delay chain the more nearly can this ideal condition 
be approached. In the present machine, using eight reproducing 
heads, the maxima and minima from this cause are fairly 
numerous and closely spaced (as in the frequency response of a 
normal enclosure), and noticeable colorations do not arise unless 
two or more pairs of heads near the beginning of the delay 
chain, where the reproduced levels are high, are reproducing in 
phase at the same frequency. This would occur, for example, 
if the distances between the heads H and I and I and J (Fig. 8) 
were related in the ratio | : n, where 1 is a whole number. Then 
frequencies of recorded wavelength equal to the distance between 
H and I, or to sub-multiples of it, would be reproduced in phase 
by all three heads, and there would be a peak in the overall 
response of the apparatus at this fundamental frequency and its 
harmonics. A suitable arrangement of spacings between the 
heads is adopted to avoid this effect, due regard being paid to 
the flutter requirements previously described. 


(14.2) Recording-Head Spacing and Coloration 


Coloration also occurs when the recording heads, R, and R>, 
are recording in phase on the medium, i.e. when the signals on 
the two tracks are in phase as they arrive at the first and subse- 
quent reproducing heads. If the coils of the heads, R,; and R>, 
are fed in phase (i.e. in series-aiding) the distance between R, 
and R, must represent an integral number of wavelengths in 
order to produce coloration. If the heads R, and R; are fed 
in anti-phase (i.e. with their windings reversed) the distance 
R,-R, must equal an odd number of half-wavelengths to produce 
coloration. In the present apparatus R,; and R, are fed in 
anti-phase, and the distance R,-R, is covered in 19-3millisec. 
Therefore the fundamental coloration frequency of this arrange- 
ment is given by 


= 25-9 cycles per second. 


Further frequencies of coloration will arise when R,-R2 = 3A/2, 
5A/2, 7A/2, etc., ie. at 77-7c/s, 129-5c/s, 181-3c/s, etc. Minima 
will also occur in the frequency response from this cause, for 
whet the recording-head spacing equals one wavelength (anti- 
phase feeding) the recorded waveforms on the two tracks are in 
anti-phase, so that the two currents induced in the reproducing 
heads will cancel. This particular source of coloration is, of 
course, avoided in single-track working, but then the disadvantage 
of increased flutter (which is more noticeable subjectively) must 
be accepted. In any event, the broad maxima of this effect are 
broken up by the many other variations in the frequency response, 
such as that due to the reproducing heads discussed in the 
previous paragraph, and that due to the position of the feedback 
head, which is now to be considered. 


(14.3) Coloration due to Feedback 


The method of feeding back signals from a reproducing head 
into the recording heads, to enable a long reverberation time to 
be produced from a short-time delay element, necessarily intro- 
duces yet another source of coloration at various frequencies. 
In Fig. 10, R, and R, represent two heads recording on two 
tracks, H is any reproducing head spanning both tracks, whilst 


a 
= 


O represents the feedback head which is feeding back from the 
lower track only. In considering the origins of reinforcement 
it is convenient to imagine that a steady tone is fed into the 
apparatus, so that both recording heads will still be recording 
tone from the external source when the head O is feeding back 
the reproduced signal into them. Reinforcement then occurs 
when the feedback head returns a signal into R, and R, in phase 
with the signal being fed to them by the external source, i.e. 
when the distance O-R, is an integral multiple of the recorded 
wavelength. Thus maxima in the overall frequency response 
will arise when O-R, = A, 2A, 3A, etc., whilst minima will occur 
when O-R, = A/2, 3A/2, 5A/2, etc., when the signal from O is 
in anti-phase with the external signal entering the recording head. 
This case corresponds to the coloration produced in the tube 
system discussed in Part 1. The degree of coloration, or the 
amplitude of the undulations in the frequency response, depends 
on the level fed back, so that both become more marked at long 
reverberation times. 

The cyclic rise and fall of level with frequency which arises 
from this cause will be superimposed on that due to the recording- 
head spacing discussed previously. It is obviously undesirable 
that maxima due to the two causes should coincide, and the 
position of the feedback head is therefore chosen to provide 
minima at the frequencies at which the disposition of the two 
recording heads provides maxima. This is achieved by making 
the distance O-R, in Fig. 10 an exact odd multiple of the distance 
R,-R,. Thus at frequencies of 25-9c/s, 77-7c/s, etc., where 
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Fig. 10.—Distances governing occurrence of colorations. 


maxima occur owing to recording-head spacing, the signal fed 
back to the two heads is in anti-phase to that being fed from the 
external circuit. In the present machine the distance O-R, is 
13 times R;-R>, so that maxima (and minima) occur owing to 
feedback at intervals of just under four cycles, with minima 
falling at 25-9, 77-7c/s, etc., as required. 


(15) SEPARATION BETWEEN THE HEADS AND THE 
MEDIUM 

It has been shown that to avoid amplitude flutter in the 
artificial-reverberation system and to make conditions more 
realistic, the time spacing which must be arranged between the 
original sound and the first head “reflection,” or between two 
adjacent reflections, must be as small as possible. 

A given design of reproducing head determines the minimum 
possible distance between the gaps of adjacent heads, and the 
minimum time delay which is required must therefore be achieved 
by a suitable choice of recording speed. From considerations of 
simplicity, cheapness and sensitivity, conventional recording 
heads about lin in diameter were chosen for the present 
apparatus. This dimension, in conjunction with the maximum 
time delay of about 30millisec permissible between adjacent 
reflections, dictated a recording speed of 100in/sec. Any loop 
or rotating surface of conventional size would have to be fre- 
quently renewed if recording and reproduction were carried out 
in contact with some 11 heads (such as are used in this system) 
at this speed. Consistency of performance and ease of main- 
tenance thus necessitate out-of-contact working. Various factors 
not normally met with in conventional magnetic recording then 
become of importance. The effects of separating the head from 
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the recording medium are most marked in the reproducing 
process, the response at any given wavelength being proportional 
to exp (—2z7x/A), where x is the separation of the recording 
medium from the pole tips of the reproducing head and A is the 
recorded wavelength. This amounts approximately to a loss of 
55dB of signal per wavelength of separation from the medium. 
At lower speeds such a loss would be very serious, but in the 
present apparatus, where the recording speed is high, the losses 
in the range of wavelengths which are of interest are acceptable. 
This range is determined, as noted in Part 1, by the absorption 
properties of a normal enclosure, which introduce a marked 
attenuation of sound frequencies above about 4kc/s when succes- 
sive reflections take place. In the artificial-reverberation system, 
therefore, the output from the reproducing heads can begin to 
fall as the frequency rises above about 4kc/s. The loss at high 
frequencies which occurs with separation can, in fact, be utilized 
with convenience to provide the required characteristic. 

In the case of the erasing and recording processes, separation 
from the medium means increasing the power fed to the recording 
and erasing heads to obtain the required field strength. Too 
large a separation involves very high power and can result in 
over-heating of the recording and erasing heads. 

Another factor determining the separation chosen arises in the 
manufacturing process, where the limits of accuracy to which the 
disc circumference can be turned and ground set a minimum to 
the spacing. Excessive eccentricity of the disc in its bearing, 
apart from necessitating a corresponding separation, will intro- 
duce an appreciable amplitude modulation of the signal as the 
recording medium approaches and recedes from both the repro- 
ducing and the recording heads. With reasonable care in manu- 
facture the eccentricity of the wheel can be kept fairly consistently 
below 1/5 000in, so that the separation distance could be of this 
order if required. In practice, a figure of 1/1 000in has been 
chosen, which reduces the possibility of damage to the magnetic 
coating in the setting-up process or as wear takes place in the 
bearing, and is satisfactory with respect to the other considera- 
tions discussed. 


(16) FURTHER FACTORS AFFECTING THE OVERALL 
FREQUENCY RESPONSE 

Various factors which affect the overall frequency response of 
the apparatus have been examined in previous Sections, notably 
those concerned with separation and with resonance effects which 
arise from the use of the two recording heads, the many repro- 
ducing heads and the feedback system. In addition, the normal 
factors which determine the overall frequency response in any 
magnetic recording system are present and in some cases in an 
exaggerated form not met with in conventional recording systems. 
These exaggerated effects arise from the high recording speed, 
and hence the long wavelengths, which are employed. For 
example, when the wavelengths become very large compared with 
the size of the reproducing head an appreciable proportion of the 
flux emanating from the recording medium does not proceed 
through the core but fiows around the back of the head and so 
does not link with the coils in such a way as to produce a useful 
voltage. In the present apparatus the diameter of the repro- 
ducing-head core is about lin and the wavelength at 30c/s is 
some 3in, so that the effect is becoming important near the 
bottom of the frequency response, resulting in a loss of 
signal/noise ratio. More important, however, are the inter- 
ference effects connected with the structure of the reproducing 
head and screening box. The interference effect which occurs 
in the normal gap of the reproducing head is well known. This 
results in zero output from the reproducing head when the 
effective gap length d is an even multiple of half the wavelength 
being reproduced, and maximum output when the effective gap 
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length is an odd multiple of half the wavelength being reproduced, 
for the factor, sin (zd/A), which determines (approximately) the 
output at shorter wavelengths, is zero when d = A, 2A, etc., and 
unity when d = 4/2, 3A/2, etc. In the long-wavelength range, 
which occurs at the lower frequencies, this particular gap (or 
discontinuity in the flux path) ceases to have much significance, 
however, and larger secondary gaps assume importance. These 
secondary gaps are formed by other symmetrical discontinuities 
in the path of the flux entering and leaving the head. Fig. 11 
shows the plan view of a conventional reproducing head con- 


Fig. 11.—Plan view of conventional reproducing head and screening 
cover. 


tained within its Mumetal screening box SS. The Mumetal 
screen is open between A and B in order that the gap G may be 
brought into proximity with the recording medium. When the 
recorded wavelength is much larger than the width G, the spread 
of flux from the tape is considerable so that it enters the core of 
the head not only through the gap G but also through the areas 
between C and G and between G and D. A second effective 
gap, defined by the ends of the coils C and D, can then become 
important, and the opening AB of the screening box may provide 
yet a third effective gap. The frequency response which results 
cannot be equalized by conventional means without serious 
reduction of signal/noise ratio. Now the configuration of the 
delay unit is such that AB must be fairly wide to allow the 
normal gap G, which is the operative gap at short wavelengths, 
to be brought into the required proximity to the magnetic track. 
If the dimensions CD and AB then become roughly equal, the 
two secondary gaps combine to create very marked undulations 
in the response. Conversely it has been found possible to reduce 
the undulations to acceptable proportions by the simple expedient 
of making the lengths CD and AB in the ratio of 2 : 3, when, 
at the lowest frequencies, the minima created by one reduce the 
maxima created by the other, and for the present practical pur- 
poses, satisfactory equalization is achieved. It is found that the 
further widening of the gap AB to conform to this requirement 
does not, in the present design, seriously increase unwanted 
pick-up of hum or other signals. 


Part 3. THE REDUCTION OF FLUTTER EFFECTS 
IN ARTIFICIAL-REVERBERATION SYSTEMS 


(17) INTRODUCTION 

In Part 1 it was shown that an impulsive sound passed through 
an artificial-reverberation system, involving transmission in a 
single dimension, will be heard as a flutter when the successive 
reflections generated in the system are separately audible. This 
effect is reduced in the design of the magnetic system by the use, 
already described, of double-track recording and by careful 
attention to head spacing. Nevertheless, it still remains an 
obstacle to the use of the equipment in connection with some 
types of broadcast programme. 

This Part of the paper deals more fully with the flutter effects 
and describes auxiliary equipment by means of which they are 
virtually eliminated by the interposition of large numbers of 
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(18) METHODS OF REDUCTION OF FLUTTER 


(18.1) Survey of Possible Methods 


It will be appreciated from the previous discussion that the 
effects and severity of a flutter arising in an artificial-reverberation 
system depend upon the spacing of the separate reflections. It 
has also been noted that, in the magnetic system, the time interval 
between reflections is of the order of 15millisec, and at this 
repetition rate it is often possible to hear the successive reflections 
of an impulsive sound. 

The problem therefore becomes that of generating a large 
number of additional reflections, irregularly spaced, to fill the 
intervals between the reflections from successive reproducing 
heads. This not only follows from the discussion above but is 
closely analogous to the problem of “flutter echo” in room 
acoustics. It has been known for a long time that flutter echo 
will occur in any room having one pair of opposite surfaces suffi- 
ciently reflecting. Recent investigations in the B.B.C. Research 
Department have shown that it is the ratio of the reflection 
coefficient of one pair of walls to that of the other pair which is 
significant; a reverberation room having all its surfaces highly 
reflecting is free from flutter echo, whereas a highly-damped talks 
studio may cause flutter if the absorption coefficient of one 
opposite pair of surfaces is lower than about 0-65 times the mean 
of the other pair. A cure may be effected in this case either 
by reducing the absorption coefficient of the more highly absorb- 
ing walls, or by increasing that of the reflecting pair, until equal 
reflections are obtained from all three directions. 

It follows that the most promising method of introducing the 
required additional echoes is to make use of actual reflections 
from the inside walls of a room or box, thus adding the effect of 
two more dimensions. The requirement that there should be 
numerous reflections within a time limit of 15millisec implies 
that the room should not be very large, but too small a space is 
also undesirable owing to the probability of severe colorations. 


(18.2) Reduction by Interposition of Room Reflections 

A preliminary design experiment made use of rooms of 
1 000-2 000 ft? in volume, the original sounds being radiated into 
the room by means of a high-quality loudspeaker and picked up 
by a moving-coil microphone in one corner of the room. The 
output of the microphone, consisting of the original signal and a 
series of reflections from the six walls, was then passed to the 
magnetic reverberation equipment. A small reverberation room 
with a mean reverberation time of 3sec and an experimental 
talks studio of 0-35sec reverberation time were found to be 
equally effective in suppressing the flutter, but only the talks 
studio was sufficiently free from colorations. From previous 
study of coloration in talks studios, it was judged inadvisable 
to reduce the room dimensions o. to increase the reverberation 
time to any great extent. The addition of a normal-sized room 
to the artificial-reverberation equipment, however, would clearly 
offset many of its advantages, and indeed, for many purposes 
render it superfluous. Other means of providing short-term 
reflections within a small space of time without adding serious 
colorations were therefore sought. 


(18.3) Heavy-Gas-Room Model 
The minimum permissible dimensions of the room, being 
dependent on the wavelength of the sound, are reduced if the air 
is replaced by a medium in which sound travels more slowly. 
The only media having sound velocities substantially lower than 
that in air are gases, notably radon (0-38 of that in air), chlorine 
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(0-64), krypton (0-59), xenon (0-47), sulphur hexafluoride (0-45) 
and a few organic gases (down to 0-49). In no instance was the 
reduction in velocity, and therefore room dimensions, sufficient 
to justify further consideration of this method. 


(18.4) Flat Model 


Two other methods were accordingly tried, both of which may 
be regarded as practical solutions to the problem. In the first, 
the room was replaced by a flat rectangular cavity in which two 
of the dimensions were comparable with living-room dimensions, 
but the third was only 10cm. The wanted reflections were 
provided by the four narrow walls of the cavity, cross-reflections 
between the two large walls having little effect. This form of 
construction requires less space than a room with three com- 
parable dimensions; it could be built in the form of a cavity wall 
between two rooms. 

The reverberation time of the laboratory model was adjusted 
to a value of 0-3sec at all frequencies within the range 100- 
5 000c/s, and the positions of the loudspeaker and microphone 
were chosen by listening tests to give minimum coloration. 
The performance was tested thoroughly using pulses of tone, 
impulsive noises, octave bands of white noise, speech and musical 
programmes. It was found to be almost entirely successful in 
eliminating flutter effects, and was fairly free from serious 
colorations. 


(18.5) The Ultrasonic Reverberation Tank 

The second practical method!? to be developed was to replace 
the echo room by a small tank filled with water, and to transmit 
the programme through the water in the form of a modulated 
carrier. By this means the wavelength of the signal in water 
could be reduced to a small fraction of the dimensions of the 
tank, and simple standing-wave systems avoided. A _ full 
description of the equipment, which is now undergoing trials 
in the Sound and Television Services in conjunction with the 
artificial-reverberation apparatus, follows in the next Section. 
Its performance is better than that of the flat model, and it has 
the additional advantages of transportability and adaptability. 


(19) THE ULTRASONIC REVERBERATION SYSTEM 
(19.1) General Description 


Fig. 12 is a block schematic, and Fig. 13 a photograph, of the 
first complete equipment. The original signal is separated into 
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two parts, one going through a 250c/s low-pass filter to the out- 
put mixer, the other passing through a complementary high-pass 
filter to the ultrasonic system before reaching the mixer. The 
reason for this will be made clear. After modulation of the 
carrier signal by the programme, the upper sideband only is 
selected and fed to a barium-titanate transducer dipping into 
water contained in a glass tank, through which it is transmitted 
as ultrasonic wave motion; a similar transducer reconverts this, 
together with numerous reflections from the sides of the tank, 
into electrical signals. Finally, the output of the tank is demodu- 
lated by the receiver and recombined by the mixer with the low- 
frequency part of the original signal, before passing to the 
artificial-reverberation apparatus. If desired, the ultrasonic 
system may be introduced at the output of the reverberation 
apparatus instead of the input as here described; the effect is the 
same, and the position may be decided solely from the standpoint 
of engineering convenience. 


(19.2) The Acoustics of the Ultrasonic Tank 


The main design features of the tank were determined by the 
requirement that the whole reverberation system should be 
transportable, and preferably that it should be accommodated 
in an ordinary apparatus bay. For the system to be reasonably 
free from the worst standing-wave effects, the greatest wavelength 
of the sound in the tank should be small in comparison with 
the smallest dimension. If the tank were filled with air, the 
lowest permissible frequency would be of the order of several 
thousand cycles per second. A carrier system is clearly indicated 
as the only means of making a substantial reduction in wave- 
length, and in order to avoid acoustic interference from its 
surroundings, including the moving parts of the reverberation 
apparatus itself, the transmitted band should be outside the 
audio-frequency range, say above 15kc/s. At this frequency the 
attenuation of sound in air, which increases as the square of the 
frequency, already limits the possible reverberation time to 
approximately 0-4sec, and at the upper limit of the band the 
highest possible time would be 0-2sec. Any absorption of 
sound by the walls would reduce the reverberation time to lower 
figures. Furthermore, in order to obtain a flat response over the 
required band of frequencies, it would be necessary to use piezo- 
electric transducers without appreciable tuning; the insertion loss 
would therefore be large, and it would be difficult to achieve a 
good signal/noise ratio. For these reasons, it was decided to 
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Fig. 12.—Block schematic of ultrasonic reverberation tank chain. 
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Fig. 13.—Ultrasonic reverberation tank apparatus. 


use water as the transmission medium in the tank. The attenua- 
tion loss in water is only one-eightieth of that of sound of the 
same wavelength in air, and by good design the insertion loss 
of the two transducers with a water path between them may be 
made very small. The velocity of sound in water is, however, 


about 4-3 times that in air, and it is thus necessary to increase 
the frequency in the same ratio to obtain the same wavelength. 


The tank at present in use is a rectangular glass accumulator 
vessel, with a base measuring 30cm x 20cm and a height of 
50cm to the surface of the water. A carrier frequency of 80kc/s 
was chosen, thus permitting the use of tuned crystal transducers 
of convenient size. 


(19.3) Standing-Wave Systems and Reverberation in the Tank 


At this frequency the wavelength of sound in water is approxi- 
mately 2cm, giving ten wavelengths across the smallest dimension 
of the tank. The total number of possible normal modes in a 
500c/s bandwidth on either side of this frequency is 320—a 
number of the same order as that in the band 0-500c/s in a room 
and sufficiently large to ensure that they would be too close to be 
separately distinguishable if all were of comparable significance. 
Mayo’s work,'> however, shows that the harmonics of the axial 
modes will be very much more important than any individual 
tangential or oblique modes, and in an ordinary room they are 
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the only audibly significant modes. The remaining modes in a 
room do, however, serve a useful purpose in acquiring and dissi- 
pating some of the reverberant energy which would otherwise be 
concentrated in the axial modes, with the result that the colora- 
tions in a room are less severe than those heard from a combina- 
tion of three delay systems as described in Section 7.2. 

With the ultrasonic tank, the axial modes may be shown to be 
relatively more important than with the room, but they are more 
widely spaced within the frequency band, and it is found that the 
colorations may be made small by choice of transducer positions. 

Reflection of the sound at the outside surface of the tank is 
almost complete, owing to the great differences between the 
characteristic resistance of the glass or water and that of the air 
outside, and since the attenuation in water is so small, the present 
reverberation time of 0-3sec was very easily attained. By 
attention to detail, much higher values are possible. Materials 
other than glass would be equally satisfactory for the container; 
a galvanized iron cistern sprayed with a high-gloss paint was used 
for the early experiments giving reverberation times up to 0-75sec, 
and a non-corroding thin sheet metal will be used in future 
versions. 


(19.4) Distortion due to Double-Sideband Modulation 

In the first experimental system, the 80kc/s carrier was ampli- 
tude-modulated by the a.f. signal, giving double sidebands 
(74-86kc/s). This resulted in a very serious distortion, similar 
to the selective fading heard on long-distance radio transmissions, 
because the two sidebands corresponding to any given frequency 
reached the receiving transducer with different phases and ampli- 
tudes. It was therefore decided to change to single-sideband 
modulation, and the adoption of this system as described resulted 
in acceptable transmitted quality. 

Experiments were also made on the reduction of coloration 
by the use of rectangular projections on the walls of the tank. 
The results were promising, and diffusers of this type will be 
incorporated in the sheet-metal tanks now being designed. 


(19.5) The Transmission Chain 

The required frequency range of the ultrasonic tank is limited 
at both ends. The upper limit need only be high enough to 
correspond to the highest frequency transmitted by the rever- 
beration apparatus with which it is used. The lower limit is 
chosen from a consideration of the spacing between the repro- 
ducing heads of the magnetic-recording apparatus. Flutter is 
heard only when the duration of a sound is short in comparison 
with the time spacing between the heads, and it follows that the 
lower-frequency spectral components of the sound, which have 
periodic times comparable with the spacing of the heads, do not 
contribute to the flutter. On the other hand, they are affected 
by any remaining colorations due to the ultrasonic tank, and 
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it is the low-frequency colorations which are invariably the 
most obvious and persistent. The low-frequency components of 
the incoming programme are therefore separated from the rest 
by the fow-pass and high-pass filters shown in Fig. 12, the low- 
frequency components being transmitted through a side chain 
and recombined with the high-frequency components after they 
have been through the flutter-suppressing equipment. 

The output of the 250c/s high-pass filter is fed to a balanced 
ring-modulator supplied with 15kc/s tone from an oscillator in 
the same chassis. The modulated output consists of two side- 
bands, the upper sideband, 15-25-25kc/s, and the lower one, 
5—14-75kc/s, together with any remaining carrier which has not 
been completely balanced out. The 15-25-25 kc/s band-pass filter 
selects the upper sideband, which is passed to the second modu- 
lator where it modulates a 65 kc/s oscillation generated in the same 
chassis, giving sidebands at 80-25-90kc/s and 40-49-75 kc/s. 
The latter is removed by the 80-90kc/s band-pass filter. 

The two-stage modulation was adopted in the prototype 
equipment because single-stage modulation would, of course, 
have given a lower sideband extending up to 79-75kc/s. To 
remove the 80kc/s carrier and the sideband from 79-75kc/s 
downwards without affecting the lower end of the upper sideband 
would require the development of a special quartz-crystal electro- 
mechanical filter giving an extremely sharp cut-off. It was 
possible, however, to design an electrical filter using Ferroxcube 
inductance cores to perform the same operation, provided that 
the carrier frequency was not higher than about 15kce/s, and the 
double modulation system was therefore used as described. The 
limitation of the frequency band to 250c/s at the lower end had 
the additional advantage of simplifying the design of this filter. 

The output from the receiving transducer is passed to the 
receiver (Fig. 12), to which is also fed in correct phase an 
80kc/s carrier derived from the 15 and 65kc/s oscillators, and 
the resulting a.f. signal passes to the output mixer. The fre- 
quency characteristic of the whole chain is shown in Fig. 14. 


(19.6) The Transducers 


The transducers consist of tubes of barium titanate, each 
having inside and outside diameters of 1-905 and 2-540cm. 
Their lengths, approximately 2-3cm, were adjusted by grinding 
to give staggered resonance frequencies of 84 and 86kc/s 
respectively, thus flattening the overall response of the system. 
The inner and outer curved surfaces of the crystals are silvered, 
and contact is made by spring pressure and soldering respectively 
at points on the transverse plane of symmetry, as shown in Fig. 15. 
A radial field thus applied causes changes of length by the Poisson 
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Fig. 15.—Section through barium-titanate transducer. 
effect. The tube is mounted in a watertight container, one end 
being held by light spring pressure against. the diaphragm 
through which the vibrations are transmitted. These transducers 


are very well matched to the water, the combined insertion loss 
being of the order of 10dB, 
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(20) GENERAL CONCLUSION 

The discussion in the paper has underlined many of the tech- 
nical difficulties which must be overcome in order to provide an 
artificial-reverberation system, other than a reverberation room, 
giving realistic quality. When these technical difficulties can 
be surmounted a choice is available between a reverberation 
room and some form of artificial-reverberation system involving 
one or more delay channels. If long reverberation times are 
required the reverberant room itself must be of fairly large 
dimensions, and there is therefore great economic advantage to 
be gained by installing a comparatively small delay system and 
using the room space for other purposes. This economic 
advantage may be very great whee broadcasting premises are in 
densely populated areas such as Central London, where rateable 
values are high and the possibilities of expansion are limited. 
If a choice is made in favour of an artificial-reverberation system 
using delay channels, consideration must be given to the type of 
delay system which is to be adopted. In Part 1 a description has 
been given of a delay mechanism consisting of an acoustic tube. 
A performance adequate for some types of programme can be 
obtained with this system whilst still maintaining the bulk and 
capital cost of the apparatus within reasonable limits. A com- 
pletely general application of this form would, however, require 
an increase of the bulk of the acoustic tube, and of the com- 
plexity and cost of the apparatus associated with it, to a degree 
where the economic advantages of the artificial method would no 
longer be very marked. A rather smaller and more convenient 
form of delay mechanism is required, and, as shown, a magnetic 
recording system can be designed to fulfil this function. With 
this system, comparatively long reverberation times may be 
obtained with a delay unit of small bulk. The unit may be 
designed without unreasonable complications to reduce the 
fundamental amplitude flutter to proportions which make it 
acceptable on a very wide variety of programmes. There are 
still some limitations, however, and the machine described in 
Part 2 has not proved entirely suitable when used alone in drama 
productions, when much reverberation has to be added to 
the output from a fairly dead sound broadcasting studio. To 
meet this situation, however, the ultrasonic reverberation system 
has been developed to work in conjunction with the artificial- 
reverberation machine. The reduction of residual amplitude 
flutter by this means seems to hold great promise. Moreover, the 
ultrasonic tank is of small dimensions, and together with its 
electronic equipment, it can be mounted in a common cabinet 
with the magnetic recording system. This is possible if the 
height of the 5ft cabinet in which the apparatus is housed is 
increased by only some 2ft. 

It would seem, therefore, that the combination of these two 
equipments may find increasing application in the broadcasting 
service. 

Operational experience with the magnetic-recording reverbera- 
tion machine alone is now quite extensive in the Television 
Service, and it is used regularly on all types of programme 
except when “cathedral” or exceptionally delayed echo effects 
are required. Here the amplitude flutter becomes noticeable, 
but information is not yet available as to the influence which 
the ultrasonic unit may have on this restriction. In sound 
broadcasting. less operational experience is available, but the 
machine has proved successful on musical programmes. Of 
some interest is its use to increase the brilliance or reverberation 
in certain sections (e.g. the strings) of light orchestras to give 
novel effects of orchestration. 

The machine is also employed in other roles not concerned with 
immediate transmission. In feature and survey programmes, for 
example, composite dubbings are frequently prepared using direct 
recordings from various sources in which the original reverbera- 
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tion conditions were widely different. Comment or announce- 
ments may also be required to be inserted between the various 
excerpts from the originals. Experience has shown that a wide 
variety of reverberation conditions occurring in the course of 
such a composite recording may have a disturbing and unrealistic 
effect. The reverberation machine is then useful in equalizing 
the various reverberation conditions in the make up of the 
programme. 
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DISCUSSION BEFORE THE RADIO SECTION, 9TH MARCH, 1955 


Dr. G. F. Dutton: I am very glad to see a paper dealing with 
this very old established problem of artificial reverberation. 
Since the introduction of the microphone into the science and 
practice of sound recording and transmission, the listening 
public has voiced its opinion on the amount and character of 
the reverberation. The lay public can discuss it at length, 
because it is a matter of individual taste and requires no special 
knowledge of music or artistic training to argue on the point. 
It is simply a question of like or dislike, and because of this, 
opinion may be somewhat swayed by the prevailing fashion. 

The authors have laid down certain rules which give the 
preferred characteristic, but it might be worth while attempting 
to state the reasons for the desire on the part of the listener for 
reverberation. The listener prefers some reverberation because 
he likes to hear some continuity of sound and to have some 
response from the studio. In general, however, the golden rule 
is that reverberation should be heard but not noticed. 

There is no doubt that a better performance can be obtained 
on orchestral recordings or transmissions of recordings in an 
acoustically correct environment. Under these conditions the 
orchestra is encouraged to give of its best. Artificial reverbera- 
tion could serve a very useful purpose, however, in correcting 
studio reverberation faults and adding effects for dramatic 
performances. 

The reverberation-chamber or echo-room method of studio 
correction encounters many difficult problems, as the authors 
have clearly stated. All delay methods introduce transducers in 
the system, with their attendant problems. An echo room 
supplies one reproduction from the loudspeaker, whereas the 
acoustic-delay tube and the magnetic-delay systems supply 
many cycles of recording and reproduction. For instance, if 
the delay time is 30 millisec and the reverberation time is 2 sec, 
the number of re-recordings will be over one hundred. For- 
tunately the level of these recordings is sufficiently low so that 
distortion can be made negligible. 

There is, I think, a tendency in the paper to underestimate the 
importance of the higher frequencies in artificial reverberation 
required for studio correction. For this purpose, the frequency 


range should extend to 10 kc/s, and it may well be that the correc- 
tion required forms a characteristic rising with frequency. 

The effect of wow and flutter on the magnetic-delay system is 
not treated in the paper, but I imagine that it is not a serious 
problem. 

Since the paper was published and I have seen in it the state- 
ment that the equipment was being used continuously on tele- 
vision programmes, I have listened to several programmes, the 
character being such that I would have expected the producers to 
useartificial reverberation. There was one vocal item in the “Quite 
Contrary” programme which I think was spoilt by reverberation 
of a drain-pipe character. The long period of this reverberation 
seemed to bear no relationship to the sound one would naturally 
expect from a close-up view of the singer. On the other hand, 
I listened to the Vienna Choir and could not detect any added 
reverberation. I personally would have preferred a long singing 
quality in the reverberation on this item, but perhaps the equip- 
ment was not being used in this particular programme. 

The method of magnetic delay described by the authors should 
be an invaluable research tool for investigating studio acoustics, 
particularly on the psychological side. 

Mr. P. Bate: In the field of television I deal with a number of 
orchestral programmes for an audience who subconsciously 
desire—indeed demand—something approaching concert-hall 
acoustics, or what they imagine concert-hall acoustics to be. 
For economic reasons and so on, we are faced with the prospect 
of using regularly for that type of programme a fundamentally 
unsuitable studio. Therefore we must do our best to improve 
it in relation to what we feel to be right and what the audience 
demands. This apparatus represents a great step forward in 
that direction. 

The authors state that the assessment of sound quality is 
ultimately a matter for the ear only, i.e. it is a subjective matter. 
Is there any comparative method of measuring or tabulating a 
consensus of opinion among users and audiences such as those I 
try to serve? It would be of great value if something in reason- 
ably compact and usable terms could be devised—or indeed has 
been devised. Would it not be equally useful as a guide to 
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actical problems 

Dr. R. C. G. Williams: The average popular recording consists 
of orchestration, vocalist, sound effects and artificial reverbera- 
tion, and the art of the producer is to obtain the mix of these 
ingredients which will produce the most pleasing overall result. 
Most recording companies still use echo chambers to obtain 
their reverberation effects. As the authors have indicated, these 
are inherently inflexible, and we are indebted to the authors for 
an excellent piece of analytical research into reverberation as 
well as developing apparatus which provides such a wide degree 
of control and adjustment. Their work makes available to the 
record producer a new tool of general application which will 
enable him to use the degree of reverberation of his choice, 
either for realism or for effect. 

An important distinction between reverberation applied to 
broadcasting and to recording now becomes apparent. For 
broadcasting the performance is usually “‘live,” and reverberation 
if used must be superimposed during transmission, but for 
recording it can, and in fact normally is, added afterwards 
between the original tape recording and the cutting of the acetate 
master record, in the same manner as is used for other back- 
ground effects. In addition, the amount of reverberation and 
the frequency range over which it is applied can be worked out 
without undue haste on a “trial-and-error” basis. This rather 
weights the scales in favour of echo chambers for recording, 
since they can be built or halls can be hired in a remote location 
or at a time when cost is at a minimum. 

Would the authors comment on this point and perhaps give 
something of their experience when starting up this work and 
when they were investigating the echo chambers then in use? 
In particular, does their organization use artificial echo effects 
on recorded programmes as a subsequent addition, in the same 
way as is done in the gramophone record industry? 

I remember the first occasion on which I noticed artificial 
reverberation in a television broadcast of a well-known woman 
vocalist. It was perhaps particularly obvious to me, since I had 
become accustomed to the difference between performers’ voices 
as heard over the air and as normally recorded. Whatever may 
be our personal views on the professional ethics of a deliberately 
unnatural recording, it is this “treated” voice which the public 
associates with the performer through records, and I would 
suggest that some co-operation in this respect between the 
recording industry and the broadcasting authorities might be 
of value. 

Mr. W. H. Livy: In my opinion, with this system the rever- 
berated sound is very much more noisy, and the background 
noise is considerably higher than that of the “dry” sound. What 
degree of noise increase is generated by the system? 

Furthermore, the sound is somewhat distorted, particularly in 
the higher frequencies of the reverberated sound. What increase 
in distortion is produced by the system? These two points can 
be grouped together by giving a figure for the signal/noise ratio 
of the reverberation channel for a specified distortion content in 
the output. 

Mr. G. Corran: Is the performance diagram based on practical 
tests or theory? If the latter is the case, could the authors state 
how closely the figures agree with observed results? 


Dr. P. E. Axon, and Messrs. C. L. S. Gilford and D. E. L. 
Shorter (in reply): We would agree with Mr. F. Williams that 
the ideal solution to the problem of providing optimum rever- 
beration is to construct studios which have in themselves the 
required characteristics. We are, however, unable to support 
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Reverberation rooms usually conform to conventional shapes, 
for obvious reasons. Have the authors any information on the 
use of a spherical echo chamber? 

The separation of the recording and reproducing heads from 
the magnetic surface in the magnetic recording delay unit is very 
critical. Has any difficulty been experienced in maintaining the 
correct clearances on these heads? 

Could the authors give a figure for the signal/noise ratio 
obtainable on the magnetic delay unit and on the ultrasonic 
reverberation equipment? 

Mr. F. Williams: The system has been used on television 
broadcasts for some time. For musical programmes on tele- 
vision it has a great application, since many television studios are 
necessarily rather dead acoustically. They must be, since, in 
order to keep the microphone out of view on speech, it has to be 
used at a greater distance than in corresponding conditions in 
sound studios. If the studio were reverberant, the speech would 
be more reverberant than would be acceptable. 

In sound broadcasting, on the other hand, one tries to arrange 
for music to be played in a studio which has the best reverberation 
for that size of orchestra. Therefore, the application of artificial 
reverberation on music in purely sound broadcasting is not the 
same as in television. However, there is an application for 
special effects on music when one wants to bring out a parti- 
cular section of the orchestra or to get over special effects on 
solo instruments. 

For music the apparatus is found quite acceptable. For 
drama, however, in our experience the prototype model is not 
yet perfect. There is still, in spite of the addition of the ultra- 
sonic tank, a sensation of flutter with pistol shots and other 
such impulsive sounds. Do the authors anticipate that develop- 
ment can be carried to the point at which the machine would 
in fact be completely acceptable for that type of sound required 
in dramatic productions? 

How does the cost of the equipment compare with the normal 
reverberation chamber? The authors have drawn attention to 
the problem of economics, and it does apply particularly in 
built-up areas like London, where the cost of land is high. 
Even so, these reverberation chambers can be located in basement 
areas which are not so valuable. They are simple and there is 
nothing really to go wrong with them. A really well-propor- 
tioned room can give an acceptable reverberation on almost any 
type of programme. 

Such a room could have dimensions of, say, 20 x 15 x 12ft. 
That type of room can be made to give, for dramatic productions 
and also for many types of music, a really good reverberative 
sound which is preferred by many drama producers to the type 
of sound which they get from this reverberation equipment. 
The sound from the equipment is rather synthetic. Subjectively, 
the reverberation time does not seem to be as long as it is 
theoretically calibrated to be. It does not seem to be quite so 
“full-blooded.” 

One reason for this may be that the apparatus has been 
designed for a reverberation characteristic which is truly 
exponential. Would it be better if the decay characteristic were 
such that the level of energy was “held up” rather above that 
exponential curve and then dropped somewhat more suddenly, and 

by that means could we get a rather more “full-blooded” effect? 


his optimistic appraisal of the use of reverberation rooms in 
meeting the situation when a suitable studio is not available. 
It was, in fact, a realization of the disadvantages of this 
form of artificial reverberation which led to the developments 
described in the paper, and which has stimulated similar research 
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on the Continent and in the United States. Mr. Williams 
implies that a correct proportion of dimensions of the rever- 
beration rooms is sufficient for a satisfactory effect. The 
principal shortcomings of reverberation rooms arise from their 
small dimensions in relation to the size of enclosure they are 
intended to simulate. This results in too wide a spacing of the 
mode frequencies and an absence of long-path reflections. A 


highly reverberant room of the suggested dimensions of 
20ft x 15ft x 12ft would, in fact, sound more like a wash- 
room than a large studio. The apparatus would not be 
improved by departing from an exponential decay, since this is 
one of the desirable characteristics of studios and reverberation 
rooms alike. Moreover, the general trend of the decay in any 
simple linear system employing feedback must be exponential, 
for the signals circulating in the delay loop suffer equal amounts 
of attenuation at regular intervals of time (Section 6). A com- 
bination of several such systems having different reverberation 
times could provide a rate of attenuation greater at the start than 
at the end of the decay, but the converse effect suggested could 
not thus be achieved. There is no doubt that apparatus could 
be developed in which the flutter effect on transient sounds was 
even less noticeable than in the present combination of the 
magnetic-recording delay unit and the ultrasonic tank. The 
most promising line of development is a fairly large increase in 
the size of the latter. Comparisons of cost of the present equip- 
ment and of reverberation chambers are difficult. It is impos- 
sible to generalize about the value of rates, rents and other 
overhead charges without knowing the situation and functions 
of the building in which the room is located, but in most large 
cities even basement premises are at a premium. The structural 
work required to produce a sound-insulated reverberation room 
in an existing, or proposed, building is very expensive since it is 
necessary to provide very thick or double wails and protection 
against structure-borne sound from other parts of the building. 
Such comparisons as we have been able to make have shown 
that the first cost of artificial-reverberation apparatus of the type 
described is much less. 

A spherical reverberation chamber, as suggested by Mr. 
Corran, has been used in the film industry and is reputed, rather 
surprisingly, to have been satisfactory. The lower modes of 
a spherical space are widely separated and one would expect 
them to be very obtrusive. 

In reply to Mr. Bate, it is not easy to establish a consensus 
of opinion on concert-hall acoustics owing to the variations of 
judgment encountered. However, some systematic investiga- 
tions have been made recently,* and good agreement appears 
to exist regarding the optimum reverberation time for classical 
orchestral music. 

5 SoMERvuLte, T.: “Subjective Appreciation of Concert Halls,” B.B.C. Quarterly, 
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Dr. Dutton suggests that it is incorrect to allow the freq 
characteristic of the reverberation apparatus to fall at abovd 
S5kc/s. However, in actual large auditoria the reverberation 
characteristic falls sharply above this frequency owing to th¢ 
high attenuation of high-frequency sound in air. It is possible 
to raise the higher-frequency response of the apparatus, but 
various design figures, chosen in relation to the natural charac- 
teristic, would have to be altered if any radical departure were 
required. It may be noted, however, that those early reflections 
in an auditorium which reach the listener with little high- 
frequency loss could be simulated, if desired, by an additional 
delay system having no feedback but transmitting the full 
frequency range. Wow and flutter are not a serious problem 
in the magnetic-delay element, for the mechanical system is fairly 
simple and the recording speed is high. 

“The effect of repeated recordings is not so serious as Dr. 
Dutton’s example would suggest. His figure of 30 millisec for 
a 2sec reverberation time represents a condition which is unlikely 
to obtain in any workable arrangement (see Section 6.1), since 
it calls for a loop loss of only 0-9dB. In the magnetic system 
described, the overall delay is 250 millisec, and the corresponding 
number of re-recordings would be less than one-eighth of that 
suggested. 

We must correct Dr. Dutton in attributing to us the statement 
that the equipment was being used “‘continuously.”” We have 
stated that it is used “regularly,” i.e. on all current programmes 
in which the producers consider it necessary and suitable. As 
regards Dr. Dutton’s complaint that a close-up view of a singer 
had not a natural sound associated with it, we can only disclaim 
responsibility and state that it has never seemed to us to be a 
prime aim of singers in the modern idiom to make themselves 
sound natural. 

With reference to the increased noise and distortion which 
Mr. Livy claims to detect, the conditions under which these 
quantities are measured (or heard) must be carefully specified. 
In practice, the values must depend on the reverberation-time 
setting and the ratio of reverberant to direct sound from the 
studio. The reverberation chain can then only contribute a 
limited percentage to the final distortion and noise content of 
the output. Figures for comparison with normal recording 
equipment may be provided if the output of one reproducing 
head of the delay element is investigated. Under these con- 
ditions the total harmonic distortion of a 1 kc/s tone fed to the 
machine at peak level is less than 2°% and the signal/noise ratio 
about 50dB. A similar value of signal/noise ratio is achieved 
in the ultrasonic tank. 

The apparatus has been used in a similar role to that described 
by Dr. R. C. G. Williams for the make-up of feature and survey 
programmes (Section 20). 
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DISCUSSION ON 
‘ARTIFICIAL REVERBERATION’* 


NORTH-EASTERN RADIO AND MEASUREMENTS GROUP, AT NEWCASTLE UPON TYNE, 
5TH DECEMBER, 1955 


Mr. J. Queen: Research on many types of delay channel has 
been mentioned, but no reference is made to the possible use of 
reactive artificial telephone lines or filter networks. 

The discussion on methods of testing reverberation implies 
that steady-state tones are used. The nature of testing equip- 
ment has been practically omitted from the paper, and I would 
like to know how the reverberation characteristics oi systems 
are measured in research investigations. 

Some difficulty is experienced in understanding how the effect 
of resonance could be avoided in the design of tube and room 
reverberation systems, particularly the resonances of microphones 
and loudspeakers. 

In the case of multi-channel reverberation systems, the effect 
of inter-channel crosstalk seems to be a factor which must be 
considered, but it has not been mentioned in the paper. Each 
channel is provided with an attenuator, and I would like to know 
whether these could not be dispensed with, and the necessary 
adjustment of attenuation effected by manipulation of channel 
reflecting surfaces and selection of material used for this purpose. 

When echo rooms are used, it seems possible that they tend 
to have better response for tones of low frequency than for those 
of the higher frequency. 

Dr. P. E. Axon, and Messrs. C. L. S. Gilford and D. E. L. 
Shorter (in reply): It is, of course, possible to obtain delays from 
reactive networks. In this connection a study was made of 
lattice networks giving group delays which reach a maximum 
value over a limited frequency range. However, the maximum 
delay which can be achieved from a single-section network using 
easily available components is of the order of 2 millisec. There- 
fore, to obtain the required delay of up to 2 or 4sec over the 
whole audio-frequency band would require a prohibitively large 
number of sections. 

Steady-state testing of reverberation systems is an essential 


* AXON E., Gutrorp, C. L. S., and SHorter, D. E. L.: Paper No. 1796 R, 
ee "1958 (see 102 B, p. 624). 


and convenient method in development. However, final tests 
to examine the behaviour of a system with short pulses of tone 
and various types of programme, and to determine its decay 
time by direct measurement, are also desirable. For the latter, 
use is made of studio reverberation-testing apparatus which has 
been described elsewhere.* A simplified and more compact 
version of this apparatus has since been constructed for routine 
checking of operational equipment. 

When high-quality loudspeakers and microphones are used, 
the defects in performance due to mechanical resonances are 
unimportant in comparison with the irregularities in the fre- 
quency characteristics of tubes and reverberation rooms. 

In the case of multi-channel reverberation systems gencrally, 
inter-channel crosstalk has to be considered, but in our particular 
case the only multi-channel system tried was the experimental 
three-tube combination referred to in Section 7.2, in which cross- 
talk was avoided by making each of the channels a mechanically 
separate unit. 

Adjustment of the attenuation in an acoustic delay tube by 
the manipulation of internal reflecting surfaces is not only incon- 
venient but inadmissible when feedback is applied, since the 
resulting interference effects will lead to a condition similar to 
that obtaining in the multi-path system envisaged in Section 6.3. 
In the magnetic system there is, of course, no alternative to 
electrical adjustment of attenuation. 

It is true that echo rooms are normally ‘bass heavy’. It has 
been universal in the past to make echo rooms as reverberant 
as possible, and the use of any form of sound absorber has been 
avoided. The consequence is that reverberation time tends to 
be longer in the bass than in the upper-frequency range, where 
there is appreciable incidental absorption. More recently it has 
become the practice in the B.B.C. to introduce a small amount 
of low-frequency absorption to give a better characteristic. 


* Somervitte, T., and Gurorp, C. L. S.: ‘Cathode-Ray Displays of Acoustic 
Phenomena and their Interpretation’, B.B.C. Quarterly, 1952, 7, p. 1. 
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Frequency range preferences of 210 college students for reproduced music and speech were determined 
by an A-B-A preference test. Two groups of subjects then listened to music reproduced over a restricted 
frequency range and a relatively unrestricted frequency range, respectively, for six and one-half weeks. 
The results of a post-frequency range preference test indicate that: (1) learning plays an important 
role in determining preferences for sound reproducing systems; (2) continued contact with a particular 
system produces shifts in preference for this system; (3) the average college student prefers music 
and speech reproduced over a restricted frequency range rather than an unrestricted f requency range; and 
(4) the frequency range preferences of college students are in part a function of the type of music to which 


they are listening. 


INTRODUCTION 


URING recent years numerous experiments have 

been conducted to determine the effect of varying 
certain characteristics of sound reproducing systems 
on listener preferences for these systems. It is tacitly 
assumed in these experiments, in lieu of evidence pro 
or con, that the listener’s previous auditory experience 
does not significantly affect his preferences. This 
experiment was designed to test the validity of this 
assumption for the stimulus dimension of frequency 
range. The following hypothesis regarding frequency 
range preferences for music and speech was formulated. 


The average listener, after listening to the radio, phonograph, 
and live sound sources for many years has developed specific 
“sets” for music and speech emanating from a particular source, 
to sound a particular way. For example, when we hear music 
coming from a phonograph we expect to hear a single-channel pres- 
entation and a restricted frequency range. When we go to the 
concert hall our “set” changes and we expect to hear a “stereo- 
phonic” presentation and an unrestricted frequency range. When 
music or speech reproduction differs perceptibly from our estab- 
lished “‘set” we will not like this reproduction. Continued contact 
with a particular reproducing system in a particular environmental 
setting will result in the establishment of a “set” to prefer this 
system. 


* Taken in part from a dissertation submitted to the Graduate 
School of The Ohio State University in partial fulfillment of the 
uirements for the degree of Doctor of Philosophy. 

Presented at the Second International Congress on Acoustics 
in conjunction with the 51st meeting of the Acoustical Society of 
America, Cambridge, Massachusetts, June 22, 1956. 
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PROCEDURE 


In order to test the above hypothesis, a high-quality 
electroacoustic reproducing system with adjustable 
high and low pass filters was used. The components of 
the reproducing system included a G.E. magnetic 
cartridge, Clarkstan 16-in. transcription arm, Rek-O- 
Kut turntable, Bell 20-w amplifier, and Altec “Voice 
of the Theater” speaker system. The adjustable high 
and low pass filters were inserted between the trans- 
ducer and preamplifier to provide the four electrical 
system response curves shown in Fig. 1. The stimulus 
material consisted of five high-fidelity phonograph 
records selected for their wide program appeal and 
high quality. The records used were: Fantasia y Fuga 
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Fic. 1. Four response curves used in frequency 
range preference test. 
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LEARNING, A MAJOR FACTOR INFLUENCING PREFERENCES FOR HIGH-FIDELITY REPRODUCING SYSTEMS 


en Sol Minor, Bach, Cook recording LP1056; Quartet 
No. 14 D Minor, Schubert, Columbia LP recording 
ML4832; music from the Broadway production House 
of Flowers, Percy Faith Orchestra, Columbia. LP 
recording CL640; Pictures at an Exhibition, Mous- 
sorgsky and Ravel, RCA Victor recording LM1838; 
and Dog Meets, Man, read by Raymond Massey, RCA 
Victor recording, 45 LP, ERA217. 

One-hundred and nineteen male and 91 female 
subjects, all of whom were Ohio State University 
students, served in the experiment. The subjects ranged 
in age from 16 to 26 with approximately 85% of the 
subjects falling between the ages of 17 and 19 years of 
age. 

Frequency range preference tests were administered 
in a large music appreciation classroom on the Ohio 
State University campus. The speaker system was in 
the front of the room approximately 12 ft in front of 
the first row of seats. An A-B signal light located in 
front of the speaker system indicated when the fre- 
quency range conditions had changed. The subjects were 
told that they were participating in an experiment on 
different sound systems. They were told that they 
would hear music and speech played under two different 
conditions. Their task was to select the presentation 
which they found most pleasing. The recorded music 
was reproduced over one frequency range for ten 
seconds, then over a different frequency range for 
twenty seconds, followed by a return to the first 
frequency range for ten seconds. In other words, the 
subjects received an A-B-A presentation. A _five- 
second interval between judgments was provided so 
that the subjects could record their preference on an 
answer sheet. The order for presenting the frequency 
range conditions was randomized by means of a table 
of random numbers. Each of the four frequency range 
conditions shown in Fig. 1 was paired with every other 
frequency range, making a total of six paired comparison 
judgments for each of the five phonograph records. 
The subjects received a frequency range preference 
score from 0 to 30 depending upon the number of times 
they preferred the wider frequency range presentation. 


RESULTS 


Results of the Initial Frequency Range 
Preference Test 


The results of the initial frequency range preference 
test are shown in Table I. It is evident from Table I 
that the subjects prefer a restricted frequency range 
rather than a relatively unrestricted frequency range 
for single-channel, reproduced music and speech. The 
amount of frequency range restriction preferred by the 
subjects depends in part upon the type of stimulus 
material used in the preference test. The data in Table 
I are in substantial agreement with those of Chinn and 


Eisenberg' and those of Bauer? There is a tendency on 
the part of the subjects in this experiment, however, to 
prefer a wider frequency range than the subjects in 
either of the two previous experiments. 


Results of Listening to Music Reproduced with 
Unrestricted Frequency Range 


According to the “set” hypothesis advanced earlier, 
continued listening to a particular frequency range in a 
particular listening environment should result in the 
establishment of a set to prefer this frequency range. 
On the basis of the initial preference scores of the 
subjects, two experimental groups were matched with 
two control groups. One of the experimental groups 
listened to music reproduced over the same reproducing 
system that was used in the initial preference test, 
except that the filters were set to pass the wide fre- 
quency range from 30-15 000 cps. This experimental 
group listened to thirteen sessions of recorded music 
for an average of forty minutes per session over a 
period of six and one-half weeks. The phonograph 
recordings used for these listening sessions were organ, 
string quartet, and symphony orchestra records chosen 
for their similarity to the records used in the initial 
preference test. The control group received no organized 
music listening program. At the end of the six and 
one-half weeks, the experimental and control groups 
again took the frequency range preference test. Since 
the two groups were originally matched on the basis of 
their frequency range preference scores, any difference 
in scores on the second test must be attributed to the 
thirteen listening sessions which the experimental group 
received. The results of this frequency range preference 
test are shown in Table II. It is evident from this table 
that listening to music over a wide frequency range 
produces significant shifts in preference for this range. 


Results of Listening to Music Reproduced with 
Restricted Frequency Range 


The “question next arises as to whether the phe- 
nomenon observed with wide frequency range reproduc- 
tion is duplicated with exposure to a very restricted 


Taste I. Rank orders assigned to the four frequency range 
conditions in the initial frequency range preference test. The last 
column indicates the statistical significance of the rank orders. 


180- 
3000 ~ 


120- 90- 


Record 5000~ 9%9000~ 


30- 
15000~ Chi square 


String quartet 
Symphony orch. 
Organ 

Popular 

Male speech 


* Significant at 1% confidence level. 
+ Significant at 5% confidence level. 


1H. A. Chinn and P. Eisenberg, Proc. Inst. Radio Engrs. 33, 
571-581 (1945). 
2B. B. Bauer, Electronics 18, 128-132 (1945). 
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frequency range. In order to determine what effect 
listening to a restricted frequency range would have on 
preferences for this range, the subjects in the second 
experimental and control groups were used. This phase 
of the experiment was identical to that just described, 
except that the experimental group listened to music 
reproduced over a frequency range of 180 to 3000 cps. 
The results of the frequency range preference test 
given after the thirteen sessions of listening to music 
over this restricted frequency range are shown in 
Table III. It is evident that listening to music re- 
produced over a restricted frequency range produces 
significant shifts in preference for this range. 


Relationship between Frequency Range Preferences 
and Number of Years of Musical Study 


In order to investigate the relationship between 
frequency range preferences and number of years of 


Taste II. Effect of listening to music reproduced over a wide 
frequency range on preferences for frequency range. The numbers 
refer to the mean number of times the subjects preferred the 
wider frequency range condition. Subjects originally matched on 
the basis of their frequency range preference scores. 


Mean post- 
Record Group test score 
String quartet Experimental 3.266, 
Control 2.566 
Symphony orch. Experimental 3.466 
Control 3.266 
Organ Experimental 4.533, 
Control 3.000" 
Popular dance Experimental 2.966 
Control 3.000 
Total Experimental 14.266, 
Control 11.800 


® Difference significant at 5% confidence level. 
» Difference significant at 0.1% confidence level. 
© Difference significant at 1% confidence level. 


musical study, the subjects were divided into three 
groups on the basis of the number of years that they 
had studied music. One group consisted of 95 subjects 
with less than one year of musical study. The second 
group consisted of 102 subjects with from one through 
seven years of study and the third group consisted of 
22 subjects with from eight through twelve years of 
study. The frequency range preferences of these three 
groups are shown in Table IV. It is evident from 
Table IV that the subjects who had studied music less 
than one year preferred the wider frequency range 
significantly more often than did the subjects who had 
studied music from eight through twelve years. 


DISCUSSION 
The data which have been presented indicate that 
the listener’s previous auditory experience significantly 


affects his frequency range preferences for reproduced 
music and speech. The average listener develops specific 


ROGER E. KIRK 


Taste III. Effect of listening to music reproduced over a very 
restricted frequency range on preferences for frequency range. 
The numbers refer to the mean number of times the subjects 
preferred the wider frequency range condition. Subjects originally 
matched on the basis of their frequency range preference scores. 


Record Group yoy 
String quartet Experimental 1.900, 
Control a 
Symphony orch. Experimental 2.800 
Control 3.100 
Organ Experimental 2.400,, 
Control 3.066 
Popular dance Experimental 2.400 
Control 2.633 
Speech Experimental 3.733 
Control 3.533 
Total for music Experimental 9.200, 
records Control 10.833 


* Difference significant at 0.1% confidence level. 
» Difference significant at 1% confidence level. 
© Difference significant at 2% confidence level. 


sets for music and speech in a particular environment 
to sound a particular way. The evocation of the 
“appropriate” listening set is probably determined 
primarily by the auditory and visual cues present in 
the total stimulus configuration which impinges upon 
the listener. 

The findings of this experiment, that college students 
prefer to hear music and speech reproduced over a 
restricted frequency range rather than a relatively 
unrestricted frequency range, are in substantial agree- 
ment with the findings of Chinn and Eisenberg’ and 
Bauer. In each of these experiments, an electroacoustic 
reproducing system of adjustable properties was used 
to determine frequency range preferences for music and 
speech. An investigation by Olson’ indicates that 
listeners prefer an unrestricted frequency range for 
“live” music. The apparent discrepancy between the 
results of Olson’s experiment and experiments employ- 
ing single-channel electroacoustically reproduced music 


TABLE IV. Frequency range preferences of subjects with 
different amounts of musical training. Column labeled “Mean 
frequency range preference score” refers to the mean number of 
times the subjects preferred the wider frequency range condition. 


Mean frequency 
range preference 


Group* N score 


Sigma 


1. Subjects with less than 
than 1 year of musical 
study 

2. Subjects with 1 through 
7 years of musical 
study 

3. Subjects with 8 through 
12 years of musical 
study 


11.274 3.6 


11.000 4.2 


22 9.455 4.2 


* Difference between group 1 and 3 significant at 1% confidence level. 


2H. Olson, J. Acoust. Soc. Am. 19, 549 (1947). 
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LEARNING, A MAJOR FACTOR INFLUENCING PREFERENCES FOR HIGH-FIDELITY REPRODUCING SYSTEMS 


can readily be resolved by postulating the existence of 
sets relative to live music performance and other sets 
relative to reproduced music. Listeners, because of their 
past auditory experience, expect an unrestricted fre- 
quency range in the former situation and a restricted 
frequency range in the latter situation. 

The paradoxical finding of this experiment and 
previous experiments, that musicians prefer a more 
restricted frequency range reproduction of music than 
does the average listener, can be interpreted within the 
framework provided by the set hypothesis. If one is 
willing to grant the assumption that musicians as a 
group listen to more reproduced music than does the 
average person, it becomes obvious then that musicians 
have more numerous opportunities to develop sets 
for a restricted frequency range. One may argue that 
musicians have more contact not only with reproduced 
music but with live music as well. This is obviously 
true, but the set which is operative when a musician 
is playing a concert would appear to be quite different 
from the set which is operative when the musician 
is at home listening to his phonograph or radio. 

It is interesting to note that the experimental groups 
showed a greater frequency range preference shift for 
some of the phonograph records than for other records. 
The most frequently played phonograph records in the 
thirteen listening sessions were organ records, string 
quartet records, and symphony orchestra records in 
that order. These records were chosen for their similarity 
to the records used in the frequency range preference 
test. One would predict from the set hypothesis that 
the experimental groups would show the greatest 
preference shift for the test records which were most 
like the records used in the thirteen listening sessions. 
It is evident from Tables II and III that this prediction 
is confirmed by the data. These results are compatible 
with data on stimulus generalization in audition and 
other sensory areas. 

Information regarding the subject’s musical back- 
ground, musical tastes, and record playing facilities was 
secured by means of a questionnaire which was filled 
out by the subjects prior to the administration of the 
frequency range preference test. With the exception 
noted earlier of the relationship between years of 
musical study and frequency range preferences, no 
significant relationship was found between the above 
variables and the subject’s frequency range preference 
scores. 

In order to determine the ability of the subjects to 
detect the higher fidelity presentation in the preference 
test, the test was readministered to one group of 
subjects. Prior to this readministration of the frequency 
range preference test, these subjects were given a short 
lecture on high-fidelity sound reproduction. A demon- 
stration of each of the four frequency range conditions 
was included in this lecture. After the lecture, the 
subjects were asked to pick out the higher fidelity 
presentation instead of indicating preferences for the 


frequency ranges as they had done before. The subjects 
were able to identify the higher fidelity presentation an 
average of 89% of the time for the organ, string 
quartet, popular, and speech records. The mean percent 
correct identification for the symphony orchestra 
record was only 71%. The greater difficulty of the 
subjects in selecting the higher fidelity presentation for 
the symphony orchestra record is attributed to the 
numerous changes in tone color, rhythmic figures, and 
dynamics which are present in the music. These factors 
were minimized in the preference test insofar as possible 
by attempting to avoid changing the frequency range 
condition at the same time that a marked change 
occurred in the instrumentation, time, or character 
of the music. 

The author would like to emphasize the need for 
caution in generalizing from the data presented. The 
frequency range preference data are applicable for the 
reproducing system used in the investigation and for a 
highly select group of subjects, namely, college students. 
The five phonograph records which served as the 
stimulus material are not typical of phonograph records 
in general. The categories: string quartet, symphony 
orchestra, organ, popular dance, and male speech were 
used for convenience in presenting the data, and it is 
not meant to imply that the phonograph records in the 
categories are completely representative of a type of 
music. The interpretation of listener preferences for a 
restricted frequency range in terms of listener sets 
does not preclude the possibility that other factors may 
be operating in addition to the listener’s set.‘ 


CONCLUSIONS 


The average college student prefers music and speech 
reproduced with a restricted frequency range rather 
than with a relatively unrestricted frequency range. 
The amount of frequency range restriction preferred 
by college students is in part a function of the type of 
stimulus material to which they are listening. 

Learning plays an important role in determining 
listener preferences for sound reproducing equipment. 
Continued contact with a particular system produces 
shifts in preference for this system. The assumption 
that the listener’s previous auditory experience does 
not significantly affect his preferences for sound 
reproducing equipment is untenable in the light of the 
data presented in this experiment. 
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Book Reviews 


Circuit Theory and Design. J. L. Stewart. 467 pp. + index and 
bibliography. Illustrations. John Wiley and Sons, New York 
(1956). Price: $9.50. 


The major emphasis of this interesting book is the pole-zero ap- 
proach to modern network design and synthesis. This approach is 
based on the pictorial representation of a network function (i.e., the 
transfer function, input impedance, or admittance function) by the 
location of its poles and zeros in the complex plane. 

The pole-zero pattern, which can be thought of as the “signature” 
ot a network, is useful in both analysis and synthesis of networks. 
The physical realizability conditions, the response of the network in 
both the frequency and time domains, and the approximation of 
idealized characteristics with practical networks can all be determined 
using pole-zero techniques. 

The scope of the book is large. It begins with a thorough develop- 
ment of circuit analysis techniques, and then introduces the pole-zero 
representation. Other chapters deal with elementary and modern 
synthesis techniques, some important gain functions, image parame- 
ters, filter design, vacuum tube amplifiers and oscillators, feedback 
amplifiers, and servomechanism design. 

The assembly of such a large range of topics into a single volume 
and the application of pole-zero techniques to each topic makes this 
a useful reference book for the design engineer. In covering such a 
large area, however, the book lacks sufficient depth in many of the 
subjects and omits many important topics such as signal flow graphs, 
conformal mapping, transistor amplifiers, and root-locus techniques in 
servomechanism design. For a more complete treatment of individual 
subjects, the reader can turn to the references included at the end of 
the book. 

W. L. Netson 


Columbia University, 
New York 


Sound Recording and Reproduction. J. W. Goprrey anv S. W. 
Amos. 271 pp. 186 illustrations. Iliffe and Sons, Ltd., London 
(1952). Price: $6.75. 

This text is one of the excellent BBC Engineering Training Manuals 
and is written in terms of their practices. After a review of general 
principles of sound recording and reproduction, a thorough treatment 
of disk recording, processing, and reproduction is given. The text is 
unique in presenting engineering details on recording heads and lathes, 
head mounting, radius compensation, swarb (chip) removal, wow and 
flutter analysis, and cutting stylus lapping. To this reviewer’s knowl- 
edge, no similar collection of data on the difficult art of disk recording 
exists elsewhere. For example, the effect of head mounting on cutter 
bounce, use of tuned vibration reduction methods on recording turn- 
table drives, and a description of a Grampian-type recording head are 
all provided. The main omission is a discussion of the characteristics 
of recording lacquers for instantaneous or mastering work. The sec- 
tion on disk processing is rather meager, but this is easily explained 
by the trade secret and “black magic” aspect of the processing art. 
(One large processor calls its presilvering lacquer cleaner “witch’s 
brew” !) 

The chapter on magnetic recording is now mostly of historical in- 
terest because this art has developed so rapidly since the text was 
first published. However, there is a qualitative discussion of the 
linearizing effect of high-frequency bias. Film recording receives 
somewhat perfunctory treatment, but there is an excellent discussion 
of the Philips-Miller mechanical recorder-optical playback tape re- 
corder. This machine, developed in the early 1930’s has the basic 
tape transport (as well as tape size) which, this reviewer suspects, 
aided in guiding the design of the Magnetophone and some of our 
present tape machines. The Miller tape machine was used in recording 
and editing some pre-1940 radio shows in this country and until the 
advent of magnetic tape was widely used on the Continent. 

This reviewer can unreservedly recommend the book to the record- 
ing engineer and to the serious audiophile. The main text is prin- 
cipally descriptive, and mathematical analyses are collected in the 
appendices. 

Vincent SALMON 
Stanford Research Institute, 
Menlo Park, California 
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